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MEMBERS AND FRIENDS OF THE 
AUDIO ENGINEERING SOCIETY 


Our Twelfth Annual Convention is near at hand. Last year the convention was 
the most successful we have ever had. Approximately 70 outstanding technical 
papers were presented. This year you can assist us in making the 1960 convention 
an even greater success. You can do this by submitting a paper as well as urging 
others to submit papers. If you cannot present your paper yourself, please plan to 
have someone read it for you. If you know of an audio engineer who needs to be 
encouraged to write a paper, please let us know his name and address. 

The convention will again be held at the Hotel New Yorker and will run Tuesday 
through Friday, October 11-14. 

The program as planned will cover the following subjects. 

DISK RECORDING AND REPRODUCING 

Chairman, B. B. Bauer, CBS Labs., 227 High Ridge Rd., Stamford, Conn. 
MAGNETIC RECORDING AND REPRODUCTION 

Chairman, Walter H. Erikson, 200 White Horse Pike, West Collingswood, N. J. 
LOUDSPEAKERS AND SYSTEMS 

Chairman, John Preston, RCA Labs., Princeton, N. J. 

ARCHITECTURAL ACOUSTICS AND ELECTRONICS 
Studios, Living Rooms, Auditoriums, Reverberation, Sound Reinforcing, etc. 
Chairman, John M. Hollywood, CBS Labs., 227 High Ridge Rd., Stamford, 
Conn. 
SPEECH INPUT COMPONENTS AND SYSTEMS 
Microphones, Amplifiers, Mixers, and Sound Pickup Techniques, etc. 
Chairman, John J. Bourcier, ABC, 7 West 66th St., N. Y., N.Y. 
STEREOPHONICS 
Disk Phonograph, Radio and Magnetic Tape; Stereophonic Systems 
Chairman, R. C. Moyer, RCA Victor Record Div., 501 N. LaSalle St., Indian- 
apolis 1, Ind. 
AUDIO APPLICATIONS 

Sound Systems, Hearing Aids, Industrial Noise, etc. 

Chairman, S. Edward Sorenson, Columbia Records, 799 Seventh Ave., New 
York 19, N.Y. 
AMPLIFIERS 
Tube and Transistor; Elements and Circuits. 
Chairman, Victor Brociner, University Loudspeakers, 80 S. Kensico Ave., 
White Plains, N. Y. 
SPEECH ANALYSIS, SYNTHESIS AND COMPRESSION 
Chairman, James L. Flanagan, Bell Telephone Labs., Murray Hill, N. J. 
MUSIC AND ELECTRONICS 
Electronic Musical Instruments, Synthesis, Processing, e 
Chairman, D. W. Martin, Baldwin Piano Co., 1801 Gilbert Ave., Cincinnati, O. 
MEASUREMENTS AND STANDARDS IN AUDIO 
Chairman, Sheldon I. Wilpon, Audio Communications Section, New York Naval 
Shipyard, Brooklyn, N. Y. 
PSYCHOACOUSTICAL ENGINEERING 
Subjective Aspects of Sound Reproduction 
Chairman, Harold L. Barney, Bell Telephone Labs., Murray Hill, N. J. 

Titles of papers with twenty-five to fifty word summaries should be sent to your 
Session Chairman or, if you prefer, directly to your Convention Chairman: Harry F. 
Olson, RCA Laboratories, Princeton, New Jersey. I would like very much to have 
your suggestions and ideas on what you feel would improve any phase of the conven- 
tion. To make the Twelfth Annual Convention the best yet we need everyone’s help. 


Harry F. OLtson 
Convention Chairman 
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JOURNAL OF THE AUDIO ENGINEERING SOCIETY 


APRIL 1960, VOLUME 8, NUMBER 2 


Perception of the Stereophonic Effect as a Function of Frequency” 


Witiiam H. BEAusBIENt AND Harwoop B. Moore? 


General Electric Company, Radio Receiver Department, Utica, New York 


Carefully controlled listening tests employing “A-B-ing” equipment of unique design indicate 
that high-fidelity stereo reproduction systems will require full-range frequency directional infor- 


mation. 


It is interesting to note that the change in stereo perception with frequency, if any, 


probably results from a quantitative degradation rather than an effect limited strictly to certain 


acoustical wavelengths. 


INTRODUCTION 


A BETTER understanding of the stereophonic effect as a 

function of frequency would help in the establishment 
of standards for radio and television stereophonic broadcast- 
ing and, also, be desirable as an effective aid in the efficient 
design of tape and disk phonograph home sound reproduc- 
tion systems. 

For example, many different limits for stereophonic per- 
ception at various upper and lower frequencies have been 
mentioned in the past two years. These suggested limits 
usually lead to practical system advantages such as reduced 
rf bandwidth requirements for broadcasting systems and, 
also, to certain economies and marketing niceties for tape 
or disk phonograph equipment. 

Enthusiasm for these considerations, however, could tend 
to obscure the true nature of the stereophonic effect. More 
studies of stereophonic fundamentals, on the other hand, 
could help to prevent that’ occurrence and, also, provide for 
future advancement in the state of the art. 

In order to contribute to this important area of acoustical 
technology, we have been conducting a study which is char- 
acterized by two parallel and continuous efforts. These are 
a literature search and a listening test program. This is a 
progress report of the results to date from these efforts. It 
will be presented by referring first to a brief glance at the 
literature study and some related theoretical considerations. 
Following these will be a description of the special test 
equipment and testing techniques employed. Tabulated 
data will then be given with resulting conclusions listed. 
Also, some speculative analysis of the results will be under- 
taken with the objective of stimulating interest for addi- 
tional exploration of these concepts by other experimenters. 


* Presented October 8, 1959 at the Eleventh Annual Convention of 
the Audio Engineering Society, New York. 
+t Manager, Advance Product Development Engineering. 
+ Engineer, Advance Product Development Engineering. 


LITERATURE SURVEY 


The literature search uncovered 88 references (listed in 
the Bibliography at the end of this paper) dealing with 
work from as long ago as 1920 up to the present. Included 
were papers from foreign countries such as England, Italy, 
France, Holland, Germany, and Russia. Noticeably absent 
were tabulated test results with loudspeakers indicating lack 
of stereophonic perceptions over any particular frequency 
range. 

One Russian scientist®' described tests of an effect similar 
in mechanism to the binaural but which can be realized by 
stimulating the cutaneous (skin) receptors. A marked 
wooden stick was placed successively between the left and 
right hands, knees, and toes of blindfolded observers. The 
stick was struck and the observer was asked to identify the 
lateral point where it was struck by interpreting the sensa- 
tions in the particular parts of the anatomy where the stick 
was placed. The accuracies achieved were impressive. This 
purely physical directional perception may be further veri- 
fied by knowledge of the ability of a deaf person to perceive 
the point of origin of a foot stomp on the floor, and it may 
be the reason that some hi-fi fans like to play their systems 
at loud volumes—for body stimulation. 

However, the great majority of the papers were not so 
dramatically at variance with anticipated theories and most 
of them involved work with earphones. Trimble*! found 
directional perception by intensity through earphones was 
independent of frequency and that phase sensitivity dropped 
off above 1000-2000 cps. Trimble also discovered that in- 


tensity was almost as effective when operating antagonisti- 
cally to phase difference as when alone. 

Since the linear distance between the ears is not enough to 
produce large intensity differences from loudspeaker sound 
sources, many experimenters have measured and cited the 
shadowing effect of the head at frequencies above 300 cps 
Perception at 


as the cause for intensity derived effects. 
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PERCEPTION OF THE STEREOPHONIC EFFECT AS A FUNCTION OF FREQUENCY 77 


lower frequencies is then thought to be based on phase 
difference. However, reports of actual stereophonic per- 
ception tests to evaluate these theories using loudspeakers 
rather than earphones were not found in the literature! 


Snow*' used loudspeakers to reproduce a human voice 
while investigating the effects of arrival time. His conclu- 
sions indicated that arrival time was important but might 
contribute confusion to a stereophonic system. 

On the other hand, Clark, Dutton, and Vanderlyn*! con- 
sidered difference of arrival time of a wave front at the two 
ears as the most significant factor. They also believed that 
the brain uses some sort of nerve combination such that one 
nerve requires stimulation by two others simultaneously 
before it will respond. Computer engineers will recognize 
this hypothetical effect as being similar to the “logic and 
gate’ so common to computer circuitry. A firing of any 
one of the localized “gates” theoretically constitutes meas- 
urement of arrival time difference of a pulse at the two ears. 
Accorcing to Clark et al.* some evidence in support of their 
theory has been published. Experiments on cats are de- 
scribed in which clicks separated by a known time interval 
were supplied to the two ears independently and the right 
and left lobes of the brain observed. In accord with the 
gate theory, maximum response was obtained from the right 
lobe when the click to the left ear was advanced by a time 
corresponding to a sound coming from the left and vice 
versa. 

Moir and Leslie** mention that the ear can ignore re- 
flected sounds and state that an inhibiting effect has been 
found in researches into the neural mechanism where the 
sense organ once discharged is unable to fire again for a 
time interval up to approximately 2 msec. A second longer 
but unexplained inhibiting effect is also mentioned. 


THEORETICAL CONSIDERATIONS 


This information provided by available literature helps us 
postulate a theoretical picture of the stereophonic effect. 
The inhibiting effects mentioned by Moir and Leslie** may 
be responsible for the Haas, or precedence, effect. They 
also probably make it possible to perceive direction even in 
a live room with a large amount of reverberation. Perhaps 
the gates respond first to the direct sound wave reaching 
the ears and are not able to “reset” by the time the rever- 
berations reach the ears or by the time standing waves have 
built up. In addition, these inhibiting effects also tend to 
demonstrate the importance of the first part, or transient, 
of the wave front to reach the ears and suggest why sharply 
transient sounds such as switching clicks seem to be much 
more directionally perceptible than continuous waves. 

For example, we have made preliminary tests using audio 
signal generators and intensity differences in loudspeakers 
to attempt directional perception vs frequency checks, and 
poor results at all frequencies were realized except when the 
observer listened~for the click turning on the generator. 
Even when the click was eliminated and the signal strength 


raised gradually, the only consistent results came from lis- 
teners clever enough to register their first impression as to 
the sound source location. The majority, however, turned 
in ambiguous results at all frequencies. 

We felt substance had been given to the theory that the 
arrival time of transient portions of program material was 
the significant factor in stereophonic perception. We then 
decided to run a series of tests with actual program material 


to determine the directional perception as a function of fre- 
quency. 


STEREO SPECTRUM SELECTOR 


In order to evaluate the directional contribution of the 
lower and upper frequency components in actual stereo- 
phonic program material, it was necessary to develop origi- 
nal techniques and equipment to selectively eliminate these 
frequency components without otherwise affecting the acous- 
tical reproduction characteristics of a system. 

Stereophonic sound systems of today usually contain two 
separate channels of information. For purposes of this re- 
port these will be labeled LZ (left) and R (right). If the 
algebraic sum (1+ R) can be derived, it represents the 
monophonic portion of the program; and if the algebraic 
difference (L—R) is produced, it represents the stereo- 
phonic directional content. It is then possible to eliminate 
specific portions of the L—R information by passing it 
through high pass (to test lows) or low pass (to test highs) 
filters. In order to eliminate system phase ambiguities re- 
sulting from the inherent phase shifts in these filters a 
compensating phase shift is imposed upon the L + R in- 
formation. 

The sum of these two signals (L’) fed into one amplifier 
and speaker and the difference (R’) fed to another amplifier 
and speaker will constitute a stereophonic system with full- 
range audio response but with selectively limited directional 
information. 

Frequency components falling within the attenuation 
range of the filter setting will tend to appear in the middle 
of the two speakers regardless of their intended position in 
the original program material. 

By alternately switching between this limited stereo and 
full stereo, observers could be tested for their ability to cor- 
rectly identify full stereo. The stereophonic spectrum selec- 
tor was developed along these lines. A block diagram of the 
testing system is shown in Fig. 1. Much time and effort 
were spent to prepare the equipment to meet high perform- 
ance goals. Particular troubles were encountered in develop- 
ing the matrix circuits so that the full stereo would be nor- 
mal in all respects and data to be presented will show that 
this goal was realized. A Rondine turntable was employed 
together with a General Electric reluctance cartridge, tone 
arm, preamplifiers, amplifiers, and speakers. The system 
response was basically adjusted for RIAA compensation. 

The circuit for matrixing (produces L + R and L— R) is 
given in Fig. 2. The matrixor produced a flat response from 
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Fic. 1. Block diagram of stereo spectrum selector. 


40 to 20,000 cps with a gain less than one. The separation 
over this range was better than 30 db. The criteria used 
for adjusting over the band were as follows: (1) With input 
L=K, R=0, L+R must be within +3% of L-R. 
(2) With input R= K, L=0, L+R must be within 
+3% of L—R. (3) With input LZ => R= K, L+ R must 
be within +2% of two times the nominal output of condi- 
tions (1) and (2), while L—R must be better than 30 db 
down. 

The second matrixor after the filter (restores L’ and R’) 
is identical to the first matrixor and adjusted the same. In 
use, the information going into its input and coming from 
its output is essentially the inverse of the first matrixor. 

The amplifier was adjusted to provide 0.25 w of power to 
each speaker with a 1-kc, 7.5-mv test signal into each chan- 
nel. Then the system response at the speaker terminals was 


set in accordance with the RIAA reproducing characteristic 
curve, except during the testing of the low-frequency infor- 
mation the bass was boosted 5 db at 100 cps to compensate 
for speaker response fall off. The channel outputs tracked 
within +1 db. 

The filter and equalizer were designed and constructed 
specifically for these tests. The filter circuits are given in 
Fig. 3 high pass (lows test) and Fig. 4 low pass (highs 
test). Adjustments P3 and P4 were brought to the front 
panel and calibrated in frequency at the 1.5-db down points 
so that the filter output would be 3 db down at calibrated 
frequency when both were set at the same frequency. The 
gain of nonfiltered information was set equal to unity by 
the internal cathode follower potentiometers. Filter re- 
sponse for the indicated knob settings is shown in Fig. 5 
(lows) and Fig. 6 (highs). 

The equalizer circuits are as shown in Fig. 7 (lows) and 
Fig. 8 (highs). Adjustment P6 is a front panel knob cali- 
brated in frequency. The gain of equalized information is 
unity over the entire band from 40 to 20,000 cps. 


To test the effectiveness of the equalizer to compensate 
for the phase shifts introduced by the filter, identical signals 
were fed into each unit and the outputs compared for phase 
correspondence. The results showed zero phase angle be- 
tween the signals within +2° as the frequencies were varied 
from 40 to 20,000 cps. 

Separation measurements were made for the system. An 
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Fic. 4. Low pass filter 
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Fic. 5. Filter response (lows). 


Fic. 6. Filter response (highs). 
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RCA constant velocity test record was used for frequencies 
from 15,000 to 1000 cps and a London RIAA test record 
for 1000 cps down. Each side of the record contained only 
one channel. Separation curves are shown in Fig. 9 using 
O db for reference throughout the spectrum. 

All of the above equipment except the turntable, tone 
arm, cartridge, and speakers is housed within a standard 
relay rack. The front panel arrangement is shown in Fig. 
10. We call this unit the “stereo spectrum selector.” 

The photograph, Fig. 11, had the arrangement altered 
slightly for illustrative purposes. 


TESTING TECHNIQUES 
The equipment in the test room was, however, actually 


arranged in accordance with Fig. 12. The switch on the 
panel that changed from “full” stereo to “limited” stereo 
(often called an “A, B” switch) was operated by a tech- 
nician in accordance with signals from the listener. Tech- 
nical and nontechnical listeners were used. Half of the 
nontechnical listeners were women. The need for concen- 
tration by the observers was considered important enough 
for us to bar kibitzers from the area. Medical hearing tests 
(125 to 12,000 cps) were conducted on most of the listeners, 
but no correlation existed between hearing ability and lis- 
tening test results. 

All listeners were educated as to what they were com- 
paring and told that low- (or high-) frequency instruments 
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Fic. 9. System separation. 


would seem to be further to the outside under full stereo 
conditions. The testing began with a roll-off at a specific 
high or low frequency, and the subject was required to make 
five different decisions prior to proceeding to the next lower 
(or higher) roll-off frequency. 


No time limit was imposed and the listener was permitted 
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Fic. 10. Stereo spectrum selector panel. 


Fic. 11. Equipment photograph. 
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Fic. 12. Room and equipment arrangement. 


complete freedom in switching between conditions A and B. 
The full stereo condition was changed between A and B in 
accordance with a master test sheet for each of the five de- 
cisions. (Sometimes A was full stereo, sometimes B was 
full stereo.) 

The tests involving low frequencies were conducted at a 
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different time from those involving high frequencies. 


lowing recordings: 


1. What’s New on Capitol Stereo?, Vol. 1 (Capitol). 
2. Gaité Parisienne (RCA). 


The recordings that were used varied in accordance with 
the listener’s desires. Selections were heard from the fol- 
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3. A Study in Stereo Sound (Counterpoint). 
4. Tchaikovsky's Symphony No. 4 in F Minor, Opus 36 
(Angel). 

5. Shearing on Stage (Capitol). 

6. Donnybrook with Donegan (Capitol). 

For the majority of the tests, selections from record No. 6 
were used because of good instrument localization. The 
music from the bass fiddle provided low-frequency localiza- 
tion while the drums seemed to assist in high-frequency 
stereo perception. 


TEST DATA 


The data of twenty-seven observers in the tests for low- 
frequency perception are tabulated in Table I. Circled items 
are incorrect decisions. Here, fo is the frequency where the 
L—R information is 3 db down. 

Table II indicates the listener’s technical status. listener’s 
sex, and percentage of correct test replies. The average 
test score for specific low frequencies is given in the right- 
hand column. The average test score for all low frequencies 
for each listener is given in the bottom row. 

The data of twenty-seven observers in the tests for high- 
frequency perception are tabulated in Table III. Circled 
items are incorrect decisions. Here, fo is again the fre- 
quency where the L — R information is 3 db down. 

Table IV indicates listener’s technical status, listener’s 
sex, and percentage of correct test replies for the high fre- 
quencies. The average test score at a particular frequency 
is given in the right-hand column. The average test score 


Taste I. Test data—lows. 
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TaBLe II. Test seores—lows. 


Code No. 1 a. 2 ew 8 9 10 11 12 13 


14 15 16 17 18 19 20 21 22 23 24 25 26 27 Av 


7 
MMM M M M 
. =: % 


Sex MMM M* F MFMMMMMF FM MOM OM OSM sOM OM — 
T:orNT T T T T NT ae oe ee ee, a ee ee, ee ee i + 
f. (eps) 


500 100 100 100 100 100 100 100 80 100 100 100 100 80 1 


00 100 100 100 100 100 100 100 100 100 80 100 100 100) =697.9 
300 100 100 +80 100 80 100 100 40 100 100 100 100 20 100 100 100 100 100 100 100 100 80 100 100 100 100 100) 93.5 
250 100 100 80 100 60 100 100 60 100 100 100 100 60 100 100 100 100 100 100 100 100 80 100 100 100 80 100 93.5 
150 100 80 80 100 80 100 100 60 80 100 80 80 60 100 100 100 100 80100 100 60 80 40 100 100 80100 8638 
100 100 100 80 80 100 100 80 20 60 80100 80 0 100 100 60 100 100 80 100 60 80 40 80 100 100 100) 80.9 


84 96 84 100 9652 88 96 96 


Average of technical listeners—91.4 


92 44 100 100 92 100 96 96 100 84 84 76 92 100 92 100 


Average of nontechnical listeners—88 


* Here, T is an abbreviation for technical. 
» Here, NT is an abbreviation for nontechnical. 
* Substitute listeners. 


for all high frequencies for each listener is given in the 
bottom row. 

Figure 13 shows a plot for the average test scores for the 
low-frequency tests and, also, one for the average scores of 
the high-frequency tests. 


CONCLUSIONS 


1. The high degree of directional perception with pro- 
gram material was in contrast to the ambiguities experienced 
in the preliminary tests with continuous waves. 

2. Directional perception during the high-frequency tests 
vanished at around 10 kc. 

3. Directional perception during the low-frequency tests 


was 80%, even at the lowest filter setting employed—100 
cps. 
4. Nontechnical listeners did as well as technical listeners. 


SPECULATIVE ANALYSIS OF RESULTS 


The improvement in stereophonic directional perception 
for actual program material compared with continuous 
waves probably results from the ability of the ears to meas- 
ure arrival time difference of the transient characteristics 
inherent to sound waves present in program material. This 
would obviously account for perception at the higher fre- 
quencies, but the situation at the lower frequencies may not 
be so easily understood. The high pass (test lows) filter 


Taste III. Test data—highs. 


TEST 12 3 4 5S 6 7 8 9 10 12 12 13 16 15 16 17 18 19 20 21 22 23 264 25 26 27 
2 000 1 a a a eS Se oe oe oe er ae er ee ae ve ee ee oe ee ae ee ee ee ee ee 
2 a or oe ee ee ae Ge er er ee ee ee eee ee ee ee ee ee 

3 BB B® ‘ae ee oe oe oe oe oe ee i i A ee ee ak ee 

4 a a 8 a a oe a ne oe oe ee oe ee ee oe ee oe oe ee ee ee 

5 seseesttteeeeseses td te 8 8 8. ee SS SS SS SS 

3.000 1 oe oe ae ae oe a oe ae ee oe ee oe ee i ee oe ee a oe ee ee Pe 
2 Aas & &B BRA B&B BAA BA A SE ASO A SE 2.4: Se 

3 B B B B >oessepespeseasesesepees@es:§t8 8.38338 8 8:58 

4 A A A A A Ana bh 42D &@ A SB 4 4 OB BM ECE SS CS See 

5 “a on a oe a ae ae oe a ee oe oe Oe oe oe on oe oe oo ee ee oe ee. ee 

5 000 1 ae a oe oe a ee oe oe oe a ae a ee er oe ee ee a oe g A A A 
2 B B B B cist ¢& Eb 88S DT 8 BB. F 2.4.2 86 8 BB B 

3 A A A A 64 6 4&4 2A A BRA ESR SR ER ES ER AS ee 

6 4 £ AS a oe a or oe Or Vr ee ae ae ee ee ee ee ee oe ee Se 

5 Bases se@mestpvpesesssese1es 6.6.8 6 & 2 2.8.9. 2.7.2 

7,000 1 B B B BBB B@® B&B BB B BB B B ts 8 & 2 2 ee es 
2 B BB B@ sB BB BBB B B B B B as 2 6.9 8 2.2 S58 

$ £4 3 DE SS AAA AA@MA AA sn & KD SB AS. ERS 

4 a a B 3 “a oe oe oe oe oe oe oe a a oe oe Oe re eS 

5 A AA @® 8 sbpaeaeheee estes 4&2 eee 2 ta 2.45 2 

10,000 1 A A A A A AAA @®@A AAA@®@aAaAA@Q@aAaAAAQMBAA A A 
2 @@BaA Aa A A ‘a A A@A g @ AAA AA g g A A 

3 B B B B B B B @® 8 B B B B B @ 8B B ® B 

sé Ah AB SD A S 8 A g A A g @aAAA g ae Se & A 

5 383 O38 ® >®8O2O0@68 ®r:OOO8 


7 
s 
ee 
as 
ee Pe 
P| Ba: 
_ | pr: 
om a # 
ee 
a 
ie a 
: : 
Av 00 6 CL : 4h 
— 2a iid etnies ea afer clic eg tt Saati an oe 
pe me 
: . 
a 
4 
ete 
sae 
ee ae 
bead 
eS 
- : q 
errr ?. RO me 
—————————— $$. — - Sh ‘ie 
Bi 
i 
Sag 
4 
e 
ae 
i 
ee 
rt 
' ia 
7 
“aq 
iE - 
; 
| | iq 
‘ : 
- Re! 
: : 
: 
f r 
~ 
oa - 2 . iz: aye eS a : <o . an eal 


ta 
a 
= 
£ 


aan. a> 
4 


ia Se ee 


i, 


84 WILLIAM H. BEAUBIEN AND HARWOOD B. MOORE 


TaBLe IV. Test seores—highs. 


Code No. 1 $8@ @ & O@ FT SCPC RDRMA BTA RPT ae BRT SeS RP RH ee Os SU Ca Ay 
Sex MM™MMFFMMMMMMMFM MMMM FPF OF OM M MMhUMCOUM OM -- 
Tearkr Ff FF THAT aT Trt eT eee TUS UL Tl eee SO hm SelhUhctlUmrTlUhUh eC CS Ore — 
To (eps) 
2000 100 100 100 80 40 100 100 100 100 100 160 100 100 100 100 100 100 100 100 100 100 100 100 80 100 100 100) = 964 
3000 100 100 100 100 60 100 100 100 100 100 100 100 80.100 100 80 80 100 100 100 100 100 100 100 100 100 100) 6964 
5000 160 100 100 100 20 100 100 100 100 100 100 100 100 100 100 100 80 100 100 100 100 100 100 60 100 100 100) = 95.0 
7000 100 100 100 =80 40 100 60 80 100 100 100 100 80 100 100 100 40 109 100 100 80 100 100 100 100 80 80) 895 
10,000 80 80 100 80 40 100 60 20 40 40 60 0100 80 40 60 40 60 60 60 40 80 60 40 40 40100 592 


Av 96 96 100 88 40 100 84 80 88 88 92 80 92 


Average of technical listeners—89 


96 88 88 68 92 92 92 84 96 92 74 88 82 96 


Average of nontechnical listeners—S84 


* Here, T is an abbreviation for technical. 
» Here, NT is an abbreviation for nontechnical. 


used in these tests would not significantly alter steep tran- 
sients. This leads to the interesting hypothesis that mod- 
erately sloped transients produced by lower pitched instru- 
ments represent an important contribution to their direc- 
tional localization. 


The very slight loss in perception with the low-frequency 
filter adjusted to filter L—R information below 100 cps 
(i.e., correct perception average score 80%) may have been 
more the result of a quantity change in the stereo informa- 
tion than an effect characteristic of the wavelengths in- 
volved. To further illustrate this point, interesting results 
(similar or even lower perception scores) might come from 
eliminating an identical quantity of L— R frequencies from 
another part of the spectrum, say, 1500-1600 cps or 5000- 
5100 cps., etc. 

The perception scores in the low-frequency tests as well 
as the high-frequency tests are more remarkable when it is 
realized that a setting of the filter for one frequency did 
not completely attenuate the other frequency below (or 
above) the indicated value. For example, a reference to 
Fig. 5 will show that the L—R information at 50 cps is 
down only 9 db when the setting, or 3 db point, is at 100 
cps (and a reference to Fig. 6 will show that the L—-R 
information at 14,000 cps is down only 9 db when the set- 
ting is at 7000 cps). A step function filter would most 
probably result in higher average percentage scores for per- 
ception of the lows (or highs) ! 

In addition, the program information at the extreme low 
and high frequencies was undoubtedly limited by present 
recording and reproduction abilities. Future advancements 
in either or both of these areas would most probably result 
in higher perception scores. These considerations and the 
test results provide strong evidence that all low frequencies 
are important for a good stereophonic reproduction system. 
And even though the tests show that frequencies around 
10,000 cps are not directionally perceptible when removed 
from the L—R information, expectations that improved 
scores would result from sharper cut-off filters and future 
advancements in recording and reproduction techniques 
make it desirable that premature conclusions be avoided 
relative to their importance in stereophonic sound reproduc- 


tion. Therefore, good stereophonic sound systems would 
seem to require reproduction of the stereophonic effect over 
the entire audible band. 


SUMMARY 


A literature study and listening tests have been conducted 
to contribute to an understanding of the stereophonic effect 
as a function of frequency. 

The literature study failed to reveal tests showing loss of 
stereophonic direction for any part of the audio spectrum 
and pointed to arrival time difference of the transient por- 
tion of sound waves as the significant contributor to stereo- 
phonic perception. 

Tests employing actual program material with a specially 
developed stereo spectrum selector showed the extreme lower 
frequencies to have equal or superior directional content to 
the higher frequencies. The perception loss at any fre- 
quency may be of a quantitative nature rather than strictly 
related to certain wavelengths. 

Test results and consideration for future developments 
suggest adoption of full frequency stereophonic systems. 
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Why Stereo? 
The Philosophy of Multichannel Recording of Music” 
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Two effects which contribute greatly to our enjoyment of live music are the ability to locate 
the source of the sound (stereophony) and the feeling of being in a good concert hall (ambiop- 


hony). These effects and their relationship to 


music are discussed. Microphone placement in 


multichannel recording is seen to depend on which effect is to be recreated in the home, and to 


what degree. 


~'TEREO is all the rage these days—there’s no doubt 

about it. There are many articles in the literature on 
the techniques of stereophonic recording and reproduction, 
but few which discuss “why stereo?” If we want to repro- 
duce a ping-pong game or a passing railroad train or air- 
plane the need for stereo is obvious. But how about repro- 
ducing music, where the music itself has some meaning 
other than just as sound—is the need for stereo so obvious? 

In order to see “why stereo,” let us look at the factors 
which enhance our enjoyment of a live musical performance. 
With this background, let us see how we can duplicate these 
effects in the home in order to enhance the enjoyment of a 
reproduction of a musical performance. 

In listening to a musical performance in real life we can 
tell where various instruments are located, and this is part 
of the enjoyment of a live musical performance. In fact, 
music has been written which was specifically designed to 
utilize the directional properties of sound. In 1597, Gio- 
vanni Gabrieli wrote canzonas for two and three brass 
choirs to be performed in a church which was cross-shaped 
with each choir at the end of a different arm. The music 
was written so that the choirs would answer each other back 
and forth across the church above the heads of the listeners. 

J. S. Bach wrote the Passion According to St. Matthew 
in 1729, with the chorus divided into two entirely separate 
groups, each with its associated orchestra. They were ar- 
ranged to the right and to the left in the choir loft of the 
church, and the music was so written that the choruses 
would answer back and forth. So we see that this is an old 
and legitimate musical device. (Since this paper was origi- 
nally written, five stereophonic recordings of the Bach St. 


* Revised manuscript received January 20, 1960. Presented October 
8, 1959 at the Eleventh Annual Convention of the Audio Engineering 
Society, New York. 


Matthew Passion have been announced, and several stereo- 
phonic recordings of the Gabrieli canzonas have been re- 
leased.) 

When present-day musical arrangers write for stereo- 
phonic recording, they usually take advantage of the direc- 
tional characteristics of sound. 

The other important characteristic of listening in real life 
is the sense of being in a room, which is produced by rever- 
beration. Several investigators have found that the direc- 
tional characteristics of the reverberation are more import- 
ant to the sound quality of the room than the reverberation 
time. Meyer" has defined “directional diffusivity” in terms 
of the amplitude and direction of the direct and reflected 
sound reaching a listener; high directional diffusivity indi- 
cates that the sound reaching the listener comes approxi- 
mately equally from all directions. Vermeulen* observes 
that “I do not think that it is possible to build a hall of 
conventional design which will have a well diffused sound 
field, i.e., produce a great many strong reflections, without 
at the same time having a long reverberation-time. So we 
have become accustomed to associate one with the other, 
and to take the easily measurable property for the essential 
one.” 

The effect that we desire is for the listener to hear the 
sound coming primarily from the source (say, instruments 
on stage), then equally reflected (reverberated) from all 
directions (as opposed, for instance, to a dead room with no 
reverberation at all, or a room having a few audible echoes 
coming from particular walls). Somerville and Gilford,* in 


1 Erwin Meyer, J. Acoust. Soc. Am. 26, 630-636 (1954). 

2 R. Vermeulen, J. Audio Eng. Soc. 6, 124-130 (1958). 

3T. Somerville and C. L. S. Gilford, J. Audio Eng. Soc. 7, 160-172 
(1959). 
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a discussion of auditoriums for music performance, speak of 
diffusion as a most important property of a hall. (Diffusion 
describes the uniformity in distribution of sound energy in 
an enclosure.) They have found that an auditorium which 
uses acoustical reflectors to increase the direct sound de- 
creases the diffusion and causes the sound to have a rather 
harsh quality. (This is a similar situation to a home re- 
production system wherein all of the sound comes directly 
at the listener from a speaker, with no diffusion of the sound 
around the room.) 

Directional diffusivity may be obtained in an auditorium 
by the original design of the room acoustics, or it may be 
added electronicaliy to the room by means of delayed sound 
fed to speakers distributed about the room. This electronic 
directional diffusivity has been installed in the La Scala 
Theater in Milan and several other European auditoriums 
with a great deal of success in improving the sound of the 
auditorium for live musical performance.* 

This principle of electronic directional diffusivity has also 
been employed in the stereophonic sound reinforcing system 
at the Stardust Hotel in Las Vegas.*® In this auditorium, 
the walls have purposely been made very sound absorbent 
and all reverberation is supplied electronically via speakers 
around the room. In this way, it is possible to change the 
apparent size and acoustical characteristics of the room at 
will, depending on the effect desired. 

This aspect of listening to sound in real life has been 
studied and reported on by R. Vermeulen of Philips’ Re- 
search Laboratories of the Netherlands.*** His name for 
“the sound around you” is ambiophonic.® 

We see that the listener uses his binaural hearing to de- 
termine both the direction from which the direct sound is 
coming (to locate the instruments) and to determine the 
direction from which the reflected (reverberated) sound is 
coming (giving the sense of “being in a room’’). 


THE GOALS OF REPRODUCED MUSIC 


Having discussed the two most important aspects of lis- 
tening to sound in real life, let us now review the goals of 
electronically reproduced music. The limits would be, on 
the one hand, to make a literal duplication of the sounds 
heard in life and, on the other hand, to create new sounds 
which are not achievable except by electronic means. 

On first thought we might assume that the ideal would 
be a literal duplication of the live performance. There is 
one problem, however: real life is three-dimensional, wide- 
screen, in color, with ambiophonic stereophonic sound. But 
most of life does not have a startling stereophonic effect, so 
that unless the recordings are made in such a manner as to 


4 R. Vermeulen, IRE Trans. on Audio AU-4, 98-105 (1956). 

5G. R. Hayes and H. L. Bryant, “Stardust Hotel Stereophonic 
Recording and Sound Reinforcing System,” presented before the 
Audio Engineering Society, February 19, 1959. 

© R. Vermeulen, “Now: Ambiophonic Music, Just as in the Concert 
Hall,” New York Herald Tribune, Engineers’ News Suppl., March 22, 
1959. 


remind us occasionally that they are stereophonic, one 
would likely forget that it is stereophonic sound. 

The other extreme is to create entirely new sounds, such 
as the French musique concréte, the German electronic 
music and such productions as Vortex at the Morrison 
Planetarium in San Francisco. These are often designed 
specifically to call attention to multidirectional effects and 
to startle one, sometimes at the expense of musical content. 

Two important intermediate cases also exist: First, in a 
live performance one is able to see where the performers are 
located; but in a reproduced performance, the performers 
cannot be seen, and this loss of visual perception may be 
partially replaced by an enhanced aural perception, i.e., an 
exaggerated stereophonic effect.? Second, contemporary, 
nonelectronic music (both “popular” and “serious’’) is often 
intended from its conception for electronic reproduction. 
In this case, we must evaluate the artistic effect of the re- 
produced music as a whole—‘music,” “performance,” and 
“recording technique” become almost inseparable.* 

Therefore, for reproducing music, we will see that one 
will probably desire some sort of a mid-ground technique 
where the directional effects are enhanced but the reproduc- 
tion will still be essentially a recreation of a live musical 
concert. In creating contemporary music intended from 
conception for electronic reproduction, “anything goes.” 

In summary, then, the two primary effects in enhancing 
the enjoyment of music are the ability to locate the source 
of the sound, which “brings the orchestra into the room”; 
and the quality of the sound’s “filling the room” produced 
by high directional diffusivity, which “brings the concert 
hall into the room.” Our goals range from that of dupli- 
cating a real concert, through an enhanced duplication of a 
real concert (the “better than being there” effect), to sounds 
peculiar to electronic systems. Let us now see how these 
effects relate to “stereophonic” sound recording. 


THE TECHNIQUES OF STEREOPHONIC MUSIC RECORDING 


The original stereophonic music experiments were con- 
ducted in 1933 by the Bell Telephone Laboratories.® They 
had a symphony orchestra in one auditorium and wished to 
make a literal reproduction of this orchestra in another 
auditorium. Under these conditions they were concerned 
only with the problems of reproducing the location of the 
source, since the directional diffusivity would be supplied 
by the auditorium into which the program was reproduced. 
This philosophy (reproducing the location of the source) is 
used by everyone in the stereophonic sound recording in- 
dustry, but reproduction in the home of the ambiophonic 


7 This concept of stereophonic enhancement as a replacement for 
the lust visual sense was brought to the author’s attention in conver- 
sation with Benjamin B. Bauer. 

8 This concept was pointed out in the symposium “Techniques in 
Production of Stereo Tape and Disks” (Chairman, Irving Joel), 
October 9, 1959 at the Eleventh Annual Convention of the Audio 
Engineering Society in New York. 

9 Fletcher et al., Bell System Tech. J. 13, 239 (1934). 
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effect is ignored. (Two stereo speakers do give a rudimen- 
tary ambiophonic effect since the sound comes from two 
points and is more “around you” than if it came from just 
one point.) The “location of source” stereo requires only 
simple equipment for reproduction since it takes only two 
speakers in front of you, whereas an ambiophonic system 
requires many speakers around the room. Although an 
ambiophonic system might be more enjoyable than a loca- 
tion of the source system,® it is not nearly so simple or neat 
to install, and no commercial work has been done as yet 
with ambiophonic sound reproduction in the home. There- 
fore, the microphone techniques described below will be 
directed primarily toward the location of the source aspect. 

For literal reproduction of location of a source, we simply 
need to place one microphone in front of each side of an 
orchestra or band, then the instruments on the left will be 
picked up by the left microphone and the instruments on 
the right will be picked up by the right microphone. There 
is, however, a flaw in this sort of pickup. It frequently 
happens that a player sitting on one side of the orchestra 
and close to that microphone may have an instrument whose 
directional characteristics are such that the loudest sound 
is picked up by the other microphone. This sort of “cross 
fire’ pickup arrangement results in considerable confusion 
to the listener and reduction of the stereophonic effect. 

This problem may be eliminated by either of two schemes. 
The first involves the use of multiple microphones so that 
several microphones, for instance, on the left side are mixed 
together to form a left channel. These microphones are so 
placed as to be both near to and on the axis of the instru- 
ments which they are picking up. A second way of elimi- 
nating the “cross fire” problem is to use the intensity (also 
called MS) system.’ In this case, two directional-type 
microphones are placed at the same position in front of the 
orchestra at the middle. Then each musical instrument is 
the same distance from both microphones, and each micro- 
phone picks up those instruments toward which it is di- 
rected. 

For an enhanced stereo effect in music, one must experi- 
ment with the arrangement of the orchestra so that the 
stereophonic effects in the music will be more prominent. 
Often the instruments which are to be on left channel will 
be grouped together and separated by considerable distance 
from the instruments for the right channel. If this is done 
in a dead studio, it is possible to get almost complete sepa- 
ration of the sounds, right and left (one may introduce arti- 
ficial reverberation to improve the over-all quality of this 
sound without degrading channel separation). In this case 
very startling effects may be obtained, though it is some- 
times questionable how musical the effect is, since in much 
music the ensemble is very important. One must decide in 
advance whether a given recording is intended to convey 
musical thought or to entertain primarily by the unusual 
arrangement of- the sound. 


10 G. Bore and S. Temmer, Audio 42, 19 (April, 1958). 


A soloist with an orchestra presents another problem. 
With a literal reproduction using two microphones in front 
of the orchestra, when the soloist turns from side to side 
he appears to be racing back and forth across stage. In 
this case, the intensity (MS) system may have some ad- 
vantages. The usual method of enhancing solo placement 
is to use a single microphone for the soloist and have the 
output of this microphone fed into each of the two other 
channels (usually slightly more into one side, so the soloist 
is toward one side). By this means the soloist will appear 
to be just off center, and if he turns he will not appear to 
move from one side of the stage to the other. 

In order to reproduce the ambiophonic effect, we must 
either have in the home a device which will create smooth, 
time-delayed, reverberant sound; or else we must record it 
on another channel of the original tape. At the present 
time, no satisfactory practical device exists for recreating 
the reverberant sound in the home. Therefore, if we want 
the ambiophonic effect it must be carried as a third channel 
or instead of the second “location” channel. 

To record an ambiophonic channel we could have our 
original performance in an auditorium with acoustics ap- 
propriate to the sort of music we are recording. Then a mi- 
crophone placed at a distance from the orchestra will pick 
up the desired delayed, reverberant sound. 

The author has done a limited amount of recording am- 
biophonically, as described here, using a two channel re- 
corder. The loudspeaker setup for reproduction used a 
“main” speaker connected to the channel with the close 
microphone pickup, and “surround” speakers connected to 
the channel with the distant microphone pickup. (At least 
three to five “surround” speakers must be used, so that the 
sound is “around” the listeners and the source of the sur- 
rounding sound cannot be localized to particular points.) 
The listening group consisted variously of performing musi- 
cians, development engineers, recording engineers, and 
others. All were very favorably impressed with the ambio- 
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phonic reproduction, and several felt that they would prefer 
this to the more usual stereophonic reproduction. 


SUMMARY 


To recreate in the home the effect of a live concert of 
music, it is necessary to recreate the spatial effects of both 
the orchestra, through stereophony; and the spatial effects 
of the auditorium, through ambiophony. Thus far, no eco- 
nomical system exists for producing recordings for the home 
with both stereophonic and ambiophonic effects; present 
practice is to favor the stereophonic (location of the source) 
since the equipment required in the home is relatively sim- 
ple. But there is a possibility that the ambiophonic effect 


contributes more than stereophony to the enjoyment of 
music. 

It is both necessary and desirable to exaggerate the stereo- 
phonic effect in recordings if the effect is to be perceived by 
the listeners as stereophony, and not just half-hearted am- 
biophony. (‘Stereophonic” recordings in which the sources 
are not clearly located, but which have the effect of “open- 
ing up” or “filling” the room are just this—simple ambiop- 
hony, with the sound coming from a wide front position 
instead of from all around you.) For true stereophony care- 
ful orchestra arrangement is necessary, frequently with 
multiple microphones. But all is lost if musical ensemble 
is lost through a misguided attempt for dramatic stereo 
effect. 
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Broadening the Area of Stereophonic Perception”™ 


BENJAMIN B. Bavert 


CBS Laboratories, Stamford, Connecticut 


One of the current problems in stereophonic sound reproduction is the relatively narrow area 


of optimum audibility in conventional stereophonic systems. 


The new stereophonic system em- 


ploying dipole loudspeakers described in this paper broadens the stereophonic listening area thereby 
effecting a substantial improvement in stereophonic perception anywhere in the room. 


CHARACTERISTICS OF CONVENTIONAL STEREOPHONIC 
LOUDSPEAKER ARRANGEMENT 


N A conventional typical stereophonic arrangement, the 

two loudspeakers are placed against one wall of the room 
and are separated from each other by any convenient dis- 
tance (0.7 < the wall length has been sometimes mentioned 
as a recommended spacing). This general arrangement is 
shown in Fig. 1. We will consider now the performance of 
this conventional system from the point of view of the im- 
portant qualities expected from stereophony; namely, bal- 
ance, localization, and the “feeling of space.” 

Balance refers to the proper amount of energy distribution 
between the left and right channels as originally determined 
by the recording director. In the conventional system, the 
correct balance is obtained only by a listener located on the 
axis of symmetry between the two loudspeakers. As the 
listener departs from the axis, much of the sound power 
seems to shift toward the nearest loudspeaker, and the bal- 
ance is destroyed. In the new loudspeaker system to be 
described, sounds are delivered about equally from both 
loudspeakers over a wide room area. 

Localization refers to the capability of a stereophonic 
system to recreate for the auditory sense the positions of 
the instruments or performers in the original orchestra 
arrangement. There is no difficulty, of course, in localizing 
the sound sources defined by the separate channels since 
the corresponding sounds emanate predominantly from one 
or the other loudspeaker. Those sound sources which are 
located at intermediate positions and which depend upon 
the relative intensity or the time of arrival of signals for 
localization are more difficult to reproduce correctly in 
place. However, these inter-speaker sounds are very im- 


* Revised manuscript received January 20, 1960. Presented Sep- 
tember 29, 1958 at.the Tenth Annual Convention of the Audio Engi- 
neering Society, New York. 

t Vice-President, Acoustics and Magnetics. 


portant for effective stereophony as they constitute what is 
known as “center fill,” which prevents the music from ap- 
pearing to come from “two holes in the wall.” 

In a conventional stereophonic system, the localization of 
the center fill, as intended by the recording director, is per- 
ceived mainly by the observers on the axis of symmetry. 
Imagine such an observer at O in Fig. 1. In the special 
case of a central sound, shown in this example, the source is 
recorded equally on both channels. If the loudspeakers are 
properly phased, the sound image will seem to emanate from 
the point C between the two loudspeakers. It should be 
noted that the phasing is very important because reversal 
of one channel immediately destroys the center image. As 
the observer moves from the center, the image will undergo 
a very rapid motion in the same direction so that when the 
observer is at O,, slightly to the right of center, the image 
will move to C,, more than halfway toward the right loud- 
speaker; an additional small motion to O. brings the image 
practically to the center of the right loudspeaker. There- 
fore, only the centrally located listeners will hear the center 
sounds correctly placed. All others will hear most sounds 
emanating directly from the loudspeakers, giving rise to 
what is commonly known as a “hole in the middle.” The 
new loudspeaker system improves this condition materially, 
and it tends to maintain the improvement for observers off 
the axis. 

The third characteristic; i.e., the feeling of space, depends 
upon the acoustics of the listening room. A listener at a 
live orchestral performance perceives sounds from the in- 
strumental groups directly, which helps to localize the 
sources of sound. Shortly thereafter he receives the re- 
flected sounds from the ceiling, walls, etc., which account 
for the feeling of being in a large hall. A relatively small 
living room with carpeting, draperies, and upholstered furni- 
ture tends to be rather dead and the feeling of spaciousness 
is impaired. By increasing the ratio of indirect-to-direct 
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Fic. 1. Conventional arrangement of loudspeakers exhibiting the 
apparent motion of the central image. 


sound, the situation may be considerably improved, and this 
effect is experienced with the new system. 

Considering again the question of balance, in a conven- 
tional listening arrangement let us ascertain how much one 
may wander away from the axis of symmetry before the bal- 
ance is impaired by any arbitrary amount, say, 3 db. The 
answer will hinge to a large extent on the directional char- 
acteristics of the loudspeakers and on the acoustics of the 
room. 

We will assume, for the sake of simplicity, that the direc- 
tional effects are mostly determined by the sounds which 
first reach the ears; i.e., the direct sounds. These may be 
analyzed from measured directional characteristics. In Fig. 
2 is again shown the conventional stereophonic loudspeaker 
arrangement using 15-in. dual cone loudspeakers. The polar 
radiation patterns of these loudspeakers at 1000 cps, for 
example, are portrayed by the lobes emanating at the front 
of the loudspeakers. Radii vectors AQ and BR represent 
the sound pressure radiated in the direction of the arrow. 
Since the sound pressure from a spherical sound source 
diminishes inversely with the distance, it is easy to calcu- 
late the relative sound pressure at any point P for the direct 
source radiated (before the wall reflections have taken 
place). To obtain the balance between the two loudspeak- 
ers at any point P we draw lines AP and BP, connecting 
with the center of the loudspeakers, and measure the length 
of the vectors AQ and BR. The balance in decibels is 
given by the following equation: 


20 log (AQ) (BP) /(BR) (AP). (1) 


Using Eq. (1), the contours for any desired balance may 
be obtained by a method of successive approximations. The 
heavy outlines in Fig. 2 denote the area for which the bal- 
ance for this particular configuration is maintained within 


1 Harry F. Olson Acoustical Engineering (D. Van Nostrand Com- 
pany, Inc., Princeton, N. J., 1957), p. 138. 


Fic. 2. Conventional stereophonic system exhibiting the arrange- 
ment of 3-db balance at 1 kc. 


3 db or less. This outline brings to mind the usual area of 
chair placement in stereophonic demonstrations, and it pin- 
points the limitations of a conventional system. 


STEREOPHONIC SYSTEM EMPLOYING DIPOLE 
LOUDSPEAKERS 


The possibility of broadening the area of balance has been 
discovered rather accidentally, and the experiments which 
have followed were supplemented by the theory which will 
now be described, leaving out the intervening steps. In Fig. 
3 is shown a stereophonic system in which the two loud- 
speakers A and B are directed not toward the audience but 
toward a point O generally forward of the audience. Fur- 
thermore, the loudspeakers are provided with a polar radia- 
tion pattern which follows the cosine law. This is a type 
of pattern which may be obtained by using the front lobe 
of an acoustical dipole radiator. It will be recognized that 
such a system provides two lines of balance: (a) the line of 
symmetry between the loudspeakers, and (b) the great 
circle to which the two dipoles are normal. The latter is 
true, because this great circle represents a pattern which is 
common to both and along which the sound pressure from 
each loudspeaker is constant. It is obvious that the possi- 
bility of broadening the area of balance is greatly increased 
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Fic. 3. Broadening of stereophonic listening area by using loud- 
speakers with cosine-law polar patterns. The 3-db balance contours 
are the solid curve lines. 


NY if 
. = ee ad 
Fic. 4. Schematic arrangement of the right dipole loudspeaker for 
the new stereophonic system. The left loudspeaker is a mirror image. 


by this arrangement. An included angle of 120-130° be- 
tween the loudspeaker axes has been found to be a conveni- 
ent angle in most cases. Using Eq. (1), the 3-db balance 
contours have been determined for Fig. 3, the resultant area 
being encompassed by the solid curved lines. It is seen 
that this system provides a good balance between left and 
right loudspeakers over a broad area in the room. 

A moving-coil loudspeaker in open baffle will provide a 
cosine-law pattern at all frequencies where the wavelength 
is large in comparison with the dimensions of the baffle. 
When the wavelength is smaller than the baffle, the cosine- 
law pattern tends to sharpen up, but this actually may be 
advantageous as shown later. The sound power radiated by 
such a loudspeaker decreases with frequency for long wave- 
lengths. Our experiments have shown, however, that below 
250 cps, an omnidirectional woofer may be employed with- 
out impairment of operation. Satisfactory cosine-law loud- 
speakers, therefore, may be obtained by combining low- 
frequency woofers with dipole radiators. Naturally, the 
response curves of the two units must be adjusted by means 
of acoustical or electrical networks so that a constant sound 
power will be delivered throughout the desired frequency 
range. 

(Continued on the next page.) 
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Another possible variation which lends itself to an emi- 
nently practical arrangement is the combination of the fre- 
quencies of the Z and R channels below 250 cps into a 
single sum signal which is then radiated from a single bass 
enclosure, after the findings of Goldmark and Hollywood.” 
The left and right signals are radiated by small dipole loud- 
speakers suitably spaced and oriented. The schematic ar- 
rangement of such a loudspeaker is shown in Fig. 4. The 
case configuration helps to provide the desired placement 
with respect to the rear wall. The housing is covered with 
an acoustically transparent, but optically opaque, fabric to 
avoid confusing the listener with the unusual loudspeaker 
orientation. 

Next, we consider the performance of the new loudspeaker 
system for central sounds. At first, it was assumed that the 
central sounds might tend to shift toward the nearest loud- 
speaker because of the shorter time of arrival. This, how- 
ever, did not turn out to be a serious problem because at 
higher frequencies the pattern tends to sharpen up, and this 
compensates for the time-of-arrival effect. With the loud- 
speaker system in an average size room, the center sounds 
tend to remain centered as the observer moves from side to 
side although the precision of localization of the center-fill 
sounds is not as good off the axis as it is on or about the axis 
of symmetry. 


=P. C. Goldmark and J. M. Hollywood, J. Audio Eng. Soc. 7, 
72-74 (1959). 


The proper area of coverage of the new system begins 
at a distance which is about 50% of the space between the 
dipole loudspeakers. It would appear that with the loud- 
speakers placed more than thirty feet apart, as might be 
attempted in a large hall, the sound from tbe farthest loud- 
speaker might appear as a distinct echo. Therefore, an area 
of about 30 by 50 ft would seem to be approximately the 
maximum area which could satisfactorily be covered. The 
area covered during the demonstration at the Audio Engi- 
neering Society 1958 Convention was somewhat larger than 
this figure, and the system performed very convincingly. 

A similar effect, even if not quite as satisfactory, may be 
observed by suitable orientation of conventional loudspeak- 
ers of sufficiently large cone area to produce the desired 
polar pattern over the middle- and high-frequency range. 


CONCLUSION 


A loudspeaker system has been developed which, indeed, 
broadens the listening area of stereophonic perception to 
include practically the whole room. 
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Conflicting recommendations and assertions about arrangements suitable for stereo have been 
made. On the basis of previous work, experiments were planned which yielded information show- 
ing the dependency of the over-all illusion on a variety of factors, some at the program source 
and others at the playback end. The conclusion is reached that stereo must be considered as an 
integral system, to be optimized according to individual circumstances, and that such a perspective 


view rationalizes earlier apparent differences. 


PREVIOUS APPROACHES 


ARLY experiments were based on what is now called a 
binaural system, which in effect picks up a program 
suited for each ear as it would have been picked up by a 
person in the original audience, using a dummy head with 
microphones mounted in place of ears. This gave encourag- 
ing results, limited chiefly by the fidelity of the equipment 
available at the time and by the discomfort of having to 
listen with headphones. 

The first concepts of stereophonic reproduction visualized 
one wall of the studio covered with microphones, connected 
by an equal number of channels to correspondingly placed 
loudspeakers in the auditorium, with the objective of pass- 
ing the sound field reaching the wall of the studio into the 
auditorium, commencing from its wall where it left off in 
the studio. 

Experiments based on this approach suggested that two 
channels gave the biggest improvement in illusion over one, 
that three channels show marked improvement over two, 
but that addition of further channels does not improve the 
realism commensurate with the number of channels. This 
work was largely responsible for the economic choice of 
two channels for commercial exploitation of stereo systems 
for use in the home. 

In this country, most of the work has been based on the 
use of microphones and loudspeakers spatially separated in 
various ways. The original concept of microphones against 
the wall is seldom (if ever) used. Many different types of 
microphones have been tried, placed at various distances, 
both from one another and from the source of sound each 
is intended to pick up. 


* Revised manuscript received January 15, 1960. Presented in part 
September 29, 1958 at the Tenth Annual Convention of the Audio 
Engineering Society, New York. 

t Consultant. 


Much of this work is difficult to explain by theory (at 
least the original concept), so recording sound pickup tech- 
niques are generally based on a practical endeavor to use 
two channels to achieve better spatial realism than is possi- 
ble with one, using whatever arrangement works out best. 
However the scope of arrangements given a trial is some- 
times limited by theoretical considerations based on these 
older concepts. 


In Europe, two systems have stayed a little closer to 
theory. The MS system uses a front-directed microphone 
to pick up essentially “monophonic information,” with a 
lateral (bidirectional) unit, occupying sensibly identical 
position with the first, to pick up “stereo information.” A 
program originating in this way may be played back either 
with a similar loudspeaker system or with a more conven- 
tional spaced-unit system, after appropriate matrixing, to 
get “left” and “right” channels. 

The stereosonic system, developed by E.M.I., uses two 
bidirectional microphones with a similar technique, but in 
this case the microphones pick up left and right information 
directly, without the need for matrixing. Alternatively, the 
left and right channels can be matrixed into mono and 
stereo channels. 

For purposes of comparative analysis, the basic differ- 
ences in microphone technique may be stated as follows: 


System 1 


System 1 has two or more microphones spaced apart, and 
well away from the program sources; the microphones may 
be omnidirectional or directional, but in this system the dis- 
tinction is mainly in the relation between direct and rever- 
berant sound picked up at a specific distance from the sound 
source, or conversely, in the best distance at which the 
microphone should be used. 

Because of the essential distance between microphones 


ae 


“eal 


I ye eee ay ee — 


oe 
sh: 
a 

a a 
-. 


tet 


a 
rx: 


+4 


OP ia 


eT ee 


is 
cs 
i 


pe be 
a ee 


1g iin Ts 
ore ee 


i 


x 


gy tee, 


weese ore 


one 


sae 


- 
a eS 


ls 


4 


eh, +o 


a 7 : : 
ee 
gins : 
» the 
oud- | 
it be is 
— ee | 
area : 
- the 
The a 
ongi- | 
than ee 
_ o- | 
ai ag 
eak- ce 
sired 
je. -E 
ee 
leed, . ? 
ee 
iu 
| : 
3 
3 
95 
: A 
” ieee ae zy or “eae a oe ty 


96 NORMAN H. CROWHURST 


and the fact that both are far enough from the sound sources 
that each microphone picks up sound from all instruments 
without great difference in intensity, the basic difference in 
channel content rests in the time relationship between dif- 
ferent sources. 


System 2 


System 2 has two or more directional microphones at a 
single location, but with their directional responses ‘‘aimed” 
in different directions. This results in channel content with 
virtually zero time difference but intensity-dominant dif- 
ferences. The European systems fall in this group with 
different basic directioning but further possibilities exist. 


System 3 


System 3 is a method gaining popularity in this country, 
which uses close microphone techniques, so each microphone 
picks up dominantly one program source or group of 
sources, with possibly a distant microphone for reverbera- 
tion. The stereo ‘mix” is then made by taking the output 
from all the microphone channels and making two different 
mixes, one for left and one for right. 


Although acoustically quite a different method, this is 
similar to system 2 in that the difference in channel content 
is primarily one of intensity relationships. It is, of course, 
far more adaptable to a wide variety of studio acoustics. 


Other approaches into the field of stereo have been di- 
rected more toward the reproducing end. Experiments have 
been conducted to determine whether intensity or time 
(frequently referred to as “phase’’) differences are the more 
important to a sense of direction or location in listening, 
and in what way this dependence varies with frequency. 
These experiments have elicited different conclusions, ap- 
parently due to different subjective techniques. 


Another experimental approach has investigated more di- 
rectly the effectiveness of different loudspeaker arrange- 
ments when a stereo program is played over them. These 
experiments, too, fail to yield consistent results, largely be- 
cause of differences in the test conditions. 

As a result of all this different work, the consumer is con- 
fronted with confusing and conflicting statements. For ex- 
ample. one manufacturer markets a composite assembly on 
which a stereo effect is demonstrated; another states this 
arrangement has been tried, that stereo is impossible using 
it, and so only separate units are recommended. 

On another question, one group reports work on using 
common bass unit handling all the low frequencies from 
both left and right channels and gives a frequency above 
which some stereo is lost by such a combination, below 
which no difference is observable; others report having tried 
such an arrangement but that separate bass units are defi- 
nitely required for satisfactory stereo. 


At the other end of the spectrum, conflicting reports have 
circulated about the part contributed by high frequencies. 
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It was to resolve such conflicting statements that the work 
for this paper was undertaken. 


SOME THEORY 


It would be difficult—and tedious—to go back and forth 
between experiment and theorizing in the way the work was 
actually done. For anyone interested in doing so, some of 
the most useful papers have been listed in the Bibliography 
at the end of this paper. To minimize confusion due to the 
large number of “variables” we will therefore present the 
relevant theory that has developed along with the experi- 
mental work, then give the results of the experiments and 
the conclusions reached. 

One line of research has been into the mechanics or physi- 
ology of hearing, with a view to determining the important 
qualities to preserve a satisfactory stereophonic illusion. 
Much of the work has led to divergent conclusions because 
of inadequate correlation or assessment of all the relevant 
facts. 

On the nature of transmission from the ear to the audi- 
tory perception center of the brain, via the auditory nerve, 
little if any conclusive work has been done. Some claim 
that actual tones are transmitted along individual fibers to 
the brain. If this is true, phase may be important. But 
work in other branches of neurology suggests that it is more 
probable that impulses conveyed along the nerve fibers indi- 
cate time of arrival of the initial stimulus and the intensity 
of the subsequent stimulus but that the vibration rate of 
the tone itself gets no further than the cochlea. 

If the latter is true, the important feature of sound for 
directivity is the relative time of arrival of initial stimuli. 
It has been reported that a large proportion of subjects 
tested have shown differences in absolute sensitivity and 
frequency response between the two ears but that such sub- 
jects appeared able to determine direction just as well as 
subjects having better balanced ears. This is readily ex- 
plained if arrival time is of primary importance: the audi- 
tory interpretive faculty is able to compensate for difference 
in absolute sensitivity and response of each ear, with which 
it is always living. 

But if this is the correct explanation, why do some experi- 
menters report that intensity differences are more important 
at certain frequencies? There are two factors here. If 
phase differences on steady tones are measured, the average 
ear has little if any ability to “keep track” of individual 
cycles. Consequently, phase is correctly found to be rela- 
tively unimportant. 

On the other hand, as pointed out in the theory of a sys- 
tem that relies on intensity differences entirely,** the differ- 
ence of intensity of signal arriving from different directions 
creates a physical phase, or time, difference in the composite 
wave received at each ear. In that paper reference was 
made to phase difference, but the effect will equally apply 
to time difference of initial arrivals. 

Thus a difference that is primarily one of intensity can 
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Fic. 1. Microphone arrangements used for the various takes in this 
experiment. 


produce a physical interaction yielding a time difference at 
the spatial pickup points occupied by two ears. Within 
certain limits, it would seem possible to produce an accept- 
able impression of direction differentiation by a variety of 
combinations of intensity and time differences between two 
radiations reaching both ears. 

It further seems from work done for this paper, that the 
latitude possible in this variety depends on several factors: 
(1) the frequency content of the program, (2) the relative 
reverberation recorded with the original sound, and (3) the 
reverberant characteristics and size of the auditorium or 
listening room. 

The importance of reverberation appears to differ in char- 
acter from the vital characteristics of initial transients, al- 
though it can exercise a controlling effect on the critical 
faculty of hearing in interpreting them. While the hearing 
faculty is critical, in varying degree, to the relative timing 
of transient components of “direct” sound, it is relatively 
unaware of any directional characteristic attaching to rever- 
beration. In fact, there is evidence that suggests the fac- 
ulty makes an attempt to “ignore” reverberation, although 
we are conscious of it as a “background” for sounds to 
which we pay critical attention. This is supported by the 
“unnatural” reaction experienced in an anechoic chamber. 

But it seems the presence of a proportion of reverbera- 
tion that our auditory education tells us is “normal,” either 
for the studio or listening room, automatically adjusts the 
critical perception of transients. This means that time and 
intensity relationships that would not be acceptable—and 
hence meaningless and confusing—in a small room, or in 
the presence of the reverberation characteristic of a small 
room, can be accepted and interpreted in a larger room. 


SOME RESULTS 


The experiments consisted of making a variety of record- 
ings with different microphone techniques, shown in Fig. 1. 
Where two microphones were used, one was recorded on 


each channel. Where three were used, the one intended to 
cover “center” was divided equally between left and right 
channels. The program recorded was all in the same studio, 
using the same group of artists playing similar music. 

These eight varieties of recording, along with other pro- 


gram material, were played in a room slightly larger than the ; 


average living room-——about 25 30 ft (not a perfect rect- 
angle )—but also rather well damped acoustically. Two of 
the varieties of recording were also played back at the Hotel 
New Yorker Grand Ballroom when the oral version of this 
paper was delivered, using two types of loudspeaker arrays, 
shown pictorially in Fig. 2. The audience were asked to 
indicate from where they sat whether each presentation car- 
ried a successful stereo illusion. A very definite pattern 
emerged from the showing of hands. 

For arrangement A of Fig. 2, the spacing was suitable for 
the size of the room used. In the first room a position about 
15 ft apart was found optimum. In the ballroom they were 
placed on the extreme corners of the stage, about 22 ft 
apart. The speakers were of a type giving sensibly omni- 
directional radiation over the audio range and a reasonbly 
smooth frequency response. 

For arrangement B, the then-new Jensen Director systems 
were used. They were placed side by side, and the units 
angled outward at about 30°. This would be equivalent to 
using the same type of unit mounted in the single enclosure, 
but separate enclosures were used so the spacing could be 
varied. In the first room, close together was found the 
ideal arrangement to utilize the directional capability of the 
units. In the ballroom, they were placed side-by-side, cen- 
ter stage. 

In the first room, which was the same as that used for 
making the recordings, a complementary relationship seemed 
to exist. Best stereo was obtained either with widely 
spaced microphones, played back through close-together 
directional loudspeakers (arrangement B of Fig. 2), or with 
a directional microphone cluster (takes 3, 6, 7, or 9 of Fig. 
1) played back through a wide-spaced loudspeaker arrange- 
ment. 

With both of these arrangements, not only was the stereo 
illusion acceptable in a central area (which it also was with 
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Arrangement A Arrangement B 


Fic. 2. Basic loudspeaker arrangements, evolved as optimum under 
different combinations, and which form the basis for the comparison 
presented. Approximate dimensions are given in the text. 
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some other combinations), but a reasonable coverage was 
obtained in other parts of the room as well. 

In the ballroom a different pattern was found. Close- 
together microphones with similarly placed loudspeakers 
produced no hint of stereo. 

Widely spaced microphones with close-together direc- 
tional loudspeakers produced a minority response from the 
audience, uniformly distributed across the floor, with a 
slight favor toward the centerline. 

Close-together microphones with widely spaced loud- 
speakers, having a good angular dispersion, produced a 
better response from the audience, but one that improved 
in marked degree toward the rear of the ballroom. 

Finally, widely spaced microphones with the widely 
spaced loudspeakers produced the best audience response of 
all, although it was still better toward the rear. 


CONCLUSIONS 


In any size listening room, the way the program is re- 
corded will modify the effectiveness of different types and 
placement of loudspeakers to some extent; some rooms will 
be more susceptible to these differences than others. 

Previous listening comparisons have shown that in quite 
small rooms the single enclosure assembly, using directional 
loudspeakers, can give better room coverage than the more 
conventional corner or spaced-apart location. Probably, in 
this size room, the best stereo would result from a program 
in which the difference is dominantly one of intensity, but 
this was not checked. 

In medium to large rooms, the combination required is 
complementary—provided the studio is commensurate with 
the listening room. A program recorded with time differ- 
ences on widely spaced microphones sounds best on close- 
together directional loudspeakers. A program recorded with 
close-together directional microphones sounds best on widely 
spaced, preferably nondirectional loudspeakers. 

In an auditorium, the widely spaced loudspeakers are 
best, regardless of microphone technique. But the best 
over-all result was obtained with both widely spaced. 

It seems highly probable that size of studio would be 
similarly interrelated. A small studio probably should use 
the close microphone technique, while the larger one should 
benefit from wider spacing. In the latter case, however, the 
relation of reverberation needs considering. It may be that 
the best technique in really large studios, such as concert 
halls. would be to use a close-in microphone technique, to 
pick up individual sound sources or groups, with an over-all 
reverberation pickup, in conjunction with artificial differ- 
ential time delay, as well as cross-mixing. But again, the 
ideal time differential, as well as relative intensity differen- 
tial, is likely to differ with the monitor or listening setup 
used to judge the result. 

Some side conclusions were also drawn in the course of 
this work: 

Omnidirectional loudspeakers are preferable, but not al- 


ways essential, with a widely spaced arrangement. One 
exception to this occurs when the area to be covered is not 
the usual symmetrical box-shaped room. Sometimes direc- 
tional units can be used to improve difficult coverage. 

For close-together loudspeakers, directional types for 
midrange and up are essential. Possibly the omnidirec- 
tional would be satisfactory at a position unnaturally close, 
but the directional radiation is needed to project to a greater 
distance where it can help by creating a “reconstituted” 
time difference due to individual ear spacing. 

The effectiveness of the “common bass” approach, using 
a single unit for the low frequencies and separate channels 
above a certain point, depends on the crossover frequency. 
If this is above 250 cps, some of the stereo illusion is lost. 
If it is above 1000 cps, most of the stereo illusion is lost. 
The precise frequency at which perceptible difference may 
be noticed is very much dependent on room size and acous- 
tics. 

The importance of higher frequencies to the stereo illu- 
sion is also dependent on other factors: A system with a 
uniform frequency response gives better stereo without the 
extreme highs than one with irregular response. But if the 
high-frequency response is also smooth and slightly direc- 
tional, it can contribute to the stereo illusion. Even a non- 
directional tweeter will improve the cleanness of the sound, 
but it adds little to the stereo illusion. 


RECOMMENDATIONS 


Since the principal application of stereo is to be played 
in the home, techniques that have produced good theater 
stereo should be disregarded and attention paid to produc- 
ing a satisfactory illusion in an average size listening room. 
Probably the use of smaller studios, or ones with better than 
average acoustic damping, will give best recordings for home 
playing. 

Of course, some recordings just do not sound right that 
way. These are problem cases, and may best be handled 
by careful artificial treatment of the time and intensity dif- 
ferences, again using an average listening room as the moni- 
toring facility. 
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The Design and Use of a Double Cardioid Stereophonic Microphone” 


ANTHONY JAMROZ 


Northern Electric Company, Research and Development Laboratories, 
Belleville, Ontario, Canada 


This paper describes the design of a stereophonic microphone employing a dynamic unit and a 
ribbon unit to produce a sum and difference output. This sum and difference output is matrixed 


to extract the left and right channel information. 


INTRODUCTION 


HE subject of stereophonic reproduction has received a 

great deal of publicity during the last two years. Much 
of this publicity has been favorable, but some of it has been 
highly critical. The same can be said of the reaction of 
people who have been exposed to this medium of sound 
reproduction. During an initial demonstration of stereo, 
most people are impressed because the sound is sufficiently 
different to arouse their interest. However, once the novelty 
wears off and critical listening begins, many listeners are 
disappointed to find that stereo is not offering them what 
they think it should. 

These disappointments can be traced to many causes. 
Some of them can be blamed immediately on faulty or im- 
properly connected equipment. In a stereo system, choice of 
equipment and interconnection requires considerably more 
care than in an equivalent monophonic system; therefore, 
it can be expected that, until the requirements of a good 
stereo system are better understood, many people will en- 
counter difficulties which can be corrected by careful atten- 
tion to details in the reproducing system. However, even 
with the best available systems, interconnected with the 
utmost care. the results frequently leave a great deal to 
be desired. 

In order to arrive at some understanding of the reasons 
why the stereophonic illusion seems to be somewhat elusive, 
it is necessary to review briefly some of the popular concepts 
regarding auditory perspective. In 1896, Lord Rayleigh’ 
wrote: *... there can be no doubt that we can derive most 
important information from the simultaneous use of the two 
ears. How this is affected still remains very obscure.” In 


* Presented October 9, 1959 at the Eleventh Annual Convention of 
the Audio Engineering Society, New York. 

1 Lord Rayleigh, Theory of Sound (Dover Publications, New 
York), Vol. II, p. 440. 


1957, Clark, Dutton, and Vanderlyn* wrote “. . . In spite 
of this, and much other and more recent work, no exact 
explanation can yet be given for the mechanism of sound 
location.” It is quite evident from these two statements 
that we have made little progress in understanding auditory 
perspective. 

However, despite the lack of exactness in defining the 
mechanism of auditory perspective, there is a great deal of 
experimental data available to support certain theories on 
the subject. It is generally agreed by most workers in this 
field that both time and intensity difference provide some 
of the clues necessary for angular sound localization. 

Hanson®* of the Bell Telephone Laboratories announced a 
very significant discovery at a recent meeting of the Acous- 
tical Society of America. He found that in a stereo system, 
a single source was well defined only when the resultant 
time and pressure differentials correspond to those which 
could result from a single source in free space. This dis- 
covery may lead to an explanation of why so many of the 
stereophonic recordings are rather indistinct as to exact 
location of the instruments. 


SPACED MICROPHONE METHOD 


The most common microphone technique employed in 
stereophonic recording is the spaced microphone method. 
In one version of this, two microphones, spaced some arbi- 
trary distance apart, are placed in front of a group of per- 
formers. The outputs of these two microphones are then 
fed into the two channels of a stereophonic system. With 
this method, a number of problems are immediately obvious. 

The phase or time relationship of the two signals obtained 
in this manner is a function of microphone spacing, signal 


2 Clark, Dutton, and Vanderlyn, Proc. Inst. Elec. Engrs. (London) 
B104, 417 (1957); reprinted in J. Audio Eng. Soc. 6, 102 (1958). 

3R. L. Hanson, “Sound Localization,” presented at the 57th meet- 
ing of the Acoustical Society of America, May 14, 1959. 
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THE DESIGN AND USE OF A DOUBLE CARDIOID STEREOPHONIC MICROPHONE 


frequency, and source position. Since no single spacing will 
provide the correct time relationship at all frequencies, it 
must be concluded that, with this technique, time relation- 
ship of the two signals is not utilized. The main difference 
then, between the signals in the two channels is that of 
intensity. However, the difference in intensity is deter- 
mined mainly by the microphone spacing. This difference 
can be increased by spacing the microphones farther apart 
but only at the expense of the center. As the microphone 
separation is increased, the distance from the center to each 
of the microphones becomes greater and the result is the 
familiar “ping-pong” effect. 

Attempts have been made to “fill in” the center by con- 
necting part of the output of a centrally located microphone 
into each of the two channels. Unfortunately, the net result 
of this is to decrease the difference in intensity between the 
signals in the two channels. This produces almost the same 
effect as moving the microphones closer together. 


Another method which has been suggested for improving 
the center, is to bridge a third loudspeaker across each of 
the two channels and place this speaker in the center. If 
anything, this idea is somewhat less effective than the third 
microphone technique. It does fill in the center but with 
the wrong information. Sounds which are located on the 
sides of the pickup stage will be reproduced in the center. 
The output of the center speaker must bear a constant ratio 
to the output of each of the two sides. Consequently, when 
the signal fed to one of the side speakers goes up, indicating 
that the source is now closer to that side, the signal fed to 
the center speaker goes up also, indicating that the source 
has moved closer to the center. 

Figure 1 illustrates the ratio of loudspeaker output levels 
for one possible microphone arrangement. In this case the 
center loudspeaker is fed a signal which is 6 db below the 
level of the side speakers. It can be seen from these curves 
that as the source moves away from the center, the output 
of the center loudspeaker increases instead of decreasing. 
This system still contains some stereo information because 
the output of the side speaker increases more than the out- 
put of the center speaker. However, even at best, this sys- 
tem, like the third microphone, fills in the center at the 
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Fic. 1. Ratios of output levels of three loudspeakers connected to 
a two-channel stereophonic system, as a function of sound source 
position. 
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Fic. 2. Frequency response curves obtained when two microphones 
are used on each channel of a stereophonic system. 


expense of channel separation. As early as 1933, Steinberg 
and Snow‘ of the Bell Telephone Laboratories came to the 
conclusion that adding a third microphone, or a third loud- 
speaker, or both, to a two-channel stereo system. did not 
significantly improve the stereophonic quality of the system. 

Another common version of the spaced microphone tech- 
nique is the use of several microphones in each of the two 
channels. This method creates much more difficulty than 
the straight two microphone pickup. Because of the dif- 
ference in path length to each of the microphones, the 
ratio of signal amplitudes in the two channels is now as 
much dependent on the frequency as on the position of the 
sound source. 

This is illustrated in the curves shown in Fig. 2. The 
results were actually measured in an anechoic chamber. 
Despite the fact that the sound source is on the left of the 
center line, at some frequencies, the amplitude of the signal 
in the right-hand channel is actually greater than that in 
the left. This, of course, is due to the difference in path 
length to each microphone. At some frequencies, outputs 
of the right-hand microphones are combined in phase while 
those of the left-hand microphones are combined out of 
phase. The net result is that the right-hand signal is greater 
than the left despite the fact that the source is closer to 
the left-hand group of microphones. 

Recordings made with several microphones in each chan- 
nel can still provide some illusion of space, but the position 
of the sound sources appears very indistinct. This type of 
recording frequently has the serious stereophonic listener 
jumping to his phase reversal switch every few seconds. 
First it sounds better with the loudspeakers in phase, then 
it sounds better with the loudspeakers out of phase. Of 
course, it really makes very little difference whether the 
loudspeakers are in phase or out of phase when reproducing 
this type of recording, since both phase and amplitude in- 
formation is ambiguous and inconsistent. 

There is another source of trouble in using the spaced 
microphone technique. This is caused by the directional 
properties of musical instruments. If a trumpet player on 


4J. C. Steinberg and W. B. Snow, Bell System Tech. J. 13, 245 
(1934). 
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Fic. 3. Characteristics of crossed ribbon microphones used in EMI 
stereosonic system. 


the left-hand side of the stage faces the right-hand micro- 
phone he will produce a greater signal in the right-hand 
channel than in the left. While he is blowing the trumpet, 
if he also does some rotating of his head( which is very 
often the case), the reproduced source appears to skip from 
one side of the room to the other. 


SINGLE POINT MICROPHONE PICKUP TECHNIQUES 


In order the overcome some of these difficulties, Clark 
et al.* proposed the use of two ribbon microphones located 
one above the other with their axes perpendicular to each 
other. This arrangement is illustrated in Fig. 3. Within 
the limits of the performance capabilities of the two micro- 
phones, the signals provided by this arrangement are always 
in phase but the ratio of their intensities varies with the 
angle of the source. 


Fic. 4. Double cardioid stereophonic microphone consisting of a 
dynamic unit with the diaphragm facing up and a ribbon unit 
mounted directly above the dynamic unit. 


This system is capable of reproducing both time and 
intensity differences that would be produced by the original 
source. Unfortunately, the angle over which the system is 
capable of functioning is restricted to 90°. In order to in- 
crease this working angle, we at Northern Electric decided 
to experiment with the combination of ribbon and dynamic 
microphones. These units were mounted one above the 
other as shown in Fig. 4. 

The output of this microphone appears directly as a sum 
and a difference signal. Since the dynamic unit is mounted 
with the diaphragm facing up, its directional characteristic 
is completely circular; that is, its output is constant re- 
gardless of the direction of the source. Thus, it provides 
the sum signal since its output is proportional to the sum 
of all sources regardless of their direction. The ribbon unit 
is mounted directly above the dynamic unit in such manner 
that the plane of the ribbon passes through the center of 
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Fic. 5. Directional characteristics of double cardioid stereophonic 
microphone after matrixing. Dynamic = S = L + R; ribbon = D = 
L-R; leit=S-+ D; and right = S-D. 


the diaphragm of the dynamic unit. The plane of the rib- 
bon also passes through the front of the microphone. 

Using the center line of the microphone as reference, the 
output of the ribbon unit is proportional to the sine of the 
angle between the center line and the source. This produces 
the well-known figure eight pattern, with the signal being 
of one polarity for sounds originating on the left, and of 
the opposite polarity for sounds originating on the right, of 
the center line. Thus, the output of the velocity unit is the 
difference or left minus right signal. When the sum and 
difference signals are added and subtracted they produce 
the directional characteristics illustrated in Fig. 5. 

Figure 6 illustrates the manner in which two signals of 
equal phase but different amplitude combine to provide both 
phase and intensity differences at the two ears. It can be 
seen that the difference of phase and intensity produced by 
this method closely approximates the differences that would 
be produced by the original sound source. 
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Fic. 6. Two signals of equal phase but different amplitude com- 
bined to produce both phase and intensity differences at the two ears 
of a listener. 
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If the signal being reproduced is of relatively high fre- 
quency, there will be attenuation caused by the shadowing 
effect of the head, as well as time delay. This attenuation 
will occur in the reproduced signal in much the same manner 
as it would for the original signal from the source. 

Figure 7 shows the frequency response of the microphone 
as well as the ratio of signals in the two channels for a 
sound source at 90° to the center line of the microphone. 

Figure 8 shows the frequency response and ratio of signals 
in the two channels for a sound source at 45° to the center 
line of the microphone. This corresponds roughly to 
same relative location of the sound source as that shown 
in Fig. 2 using the four microphone pickup. 

Several very interesting problems were encountered dur- 
ing the design of this microphone. Since the objective was 
to obtain two identical cardioid patterns, symmetry was of 
the utmost importance. Any departure from symmetry 
meant that the left side would have a different directional 
characteristic from that obtained for the right side. In 
order to maintain the desired left-to-right ratio of outputs, 
the voltage appearing at the ribbon microphone terminals 
had to be very nearly equal that appearing at the dynamic 
unit terminals. In addition, the phase difference between 
the two voltages could not exceed a few degrees. This meant 
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Fic. 7. Ratio of amplitudes of the signals in the two channels for 
a sound source at 90° to the center line of the double cardioid stereo- 
phonic microphone. 


that the tolerance on lateral placement of the ribbon was a 
small fraction of an inch. 

When the microphone was first tried, it was felt that the 
best way to process the signals was as a sum and difference. 
In fact, we felt that any recording made from this micro- 
phone should be done on a sum and difference basis. How- 
ever, many frustrating experiences have led us to modify 
our views on this matter. Experience showed a consistent 
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Fic. 8. Ratio of amplitudes of the signals in the two channels for 
a sound source at 45° to the center line of the double cardioid stereo- 
phonic microphone. 


degradation of left-to-right ratio after the signals had passed 
through amplifiers. For the initial test, the adding and 
\btracting operation was carried out in the manner shown 
Fig. 9. A convenient way of obtaining this circuit was 

io use an output transformer with a 4- and a 16-ohm tap. 


OuTPUT 
TRANSFORMERS 
POWER AMPLIFIERS 


SUM INPUT 


DIF FERENCE 
INPUT 


Fic. 9. Method of matrixing sum and difference signals to obtain 
left and right signals. 


It was assumed that the 4-ohm tap would be at the center 
of the 16-ohm winding. Unfortunately, this was not the 
case with all the commercial amplifiers that were tried. 
Whenever a good ratio was obtained for a signal appearing 
on one side of the microphone, it was found to be poor for 
a signal appearing on the other side of the microphone. 
This led to the design and construction of a special 
matching transformer which had an exact center tapped 
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secondary. This improved matters considerably; however, 
we still found that there was considerable deterioration of 
the amplitude difference after the signal had passed through 
the amplifiers. This deterioration was traced to the fact 
that the outputs of the two amplifiers were being shifted in 
phase with respect to each other more than the allowable 
12°. This was particularly troublesome in amplifiers with 
tone controls, even though the tone controls were at approxi- 
mately the same setting. 

The situation was considerably worse when an attempt 
was made to tape record the signals as a sum and difference. 
At 15 ips, a misalignment of either the recording or pickup 
heads of less than 1/10,000 of an inch was enough to intro- 
duce a phase difference greater than 12° at 6000 cps. In 
spite of all this, it was still found desirable to have some 
control over the relative amplitude of the sum and difference 
signals. Some effects, such as widening or narrowing the 
pickup angle, could be achieved by varying the relative 
amplitude of the two signals. 

As a compromise, therefore, it was decided to use sum 
and difference preamplifiers followed by attenuators which, 
in turn, would be followed by a matrixing network which 
would convert the sum and difference signals to left and 
right before any recording or further processing was done. 
If carefully designed preamplifiers were used, it was possible 
to maintain the original amplitude differential as well as 
constant phase relationship. 

The results of many tests have demonstrated the superi- 
ority of the single point microphone pickup technique over 


the spaced microphone method if a close approximation of 
the original spacial distribution of sound is required. There 
are, of course, many spectacular feats which can be per- 
formed with the spaced microphone method; however, if 
realism is the requirement, the single point microphone has 
much to recommend it. 
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The 120-ips Tape Duplicator for Four-Track Commercial Stereo Tapes” 


R. A. Isperc 


Ampex Corporation, Redwood City, California 


Improvements in tape reproduce heads, new record equalization techniques, and tape have 
brought about the introduction of four-track stereophonic tapes for entertainment uses. The cost 
of the production of these tapes has been reduced by the savings in the amount of tape required 
for a given length of recording and by improvements in tape duplicating equipment. The Ampex 
S-3300B tape duplicator has been designed particularly for the production of 71% and 334-ips four- 
track stereo tapes. The master reproducer operates at either 120 or 60 ips and the slaves operate 
at 60, 30, or 15 ips. The duplicating speed is twice as fast as that of previous models of Ampex 


tape duplicators. 


The 15-ips four-track master tapes required for this system are 1% in. wide with AME record 


characterisitics. 


Record pre-emphasis circuits are provided to suit master to slave speed ratios of 120:60, 60:30, 


and 60:15 ips. 


INTRODUCTION 


— four-track concept for pre-recorded entertainment 
tapes has made it possible to supply superior quality 
stereophonic tapes at prices that are comparable with those 
of stereo disks. Two pairs of tracks are recorded on one 
quarter inch wide tape, one pair in each direction. When 
side number one has been reproduced, the reel is merely 
turned over to play side number two. This feature is an 
advantage for conventional reel-to-reel equipment as well as 
for cartridge loaded reproducers since it eliminates the 
necessity for rewinding. 

Compared with 7'4-ips two-track stereo tapes, the four- 
track process doubles the effective utilization of tape area 
and thus halves the cost of tape stock required for a given 
length of recording; at 334 ips the effective utilization of 
tape area is quadrupled. 

Four-track 334-ips tapes were first announced in 1958 
when a limited number of them became available for reel- 
to-reel as well as cartridge use.! In May 1959, the indus- 
try was given a preview of the new four-track 7'%4-ips stereo 
tapes which are superior to previous releases both in fre- 
quency response and noise level. A concerted effort is now 
being made to supply the demand for these high quality 
tapes and already fourteen labels comprising over two- 
hundred titles have become available to dealers. 


* Revised manuscript received January 15, 1960. Presented October 
7, 1959 at the Eleventh Annual Convention of the Audio Engineering 
Society, New York.~ 

1R. J. Tinkham, IRE Wescon 1958 Convention Rec. Pt. 7, 12-14 
(Aug. 19, 1958). 
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The four-track program has brought about significant ad- 
vancements in reproduce head design through the adoption 
of high density head cores, ninety microinch reproduce head 
gaps, and improved techniques for polishing the head sur- 
faces. Master recording, reproduce and duplication heads 
have been similarly improved and are mounted on precision 
base plates to assure permanent adjustment of the azimuth 
and accurate track positioning on the tape.* 

The frequency response of the new 7'%4-ips tapes is +2 
db from 40 cps to 12 kcps and down no more than 4 db at 
15 kcps. The NAB 7'%-ips post emphasis (50 psec) is used 
in the tape reproducer. Biased tape noise is 60 db or more 
below program level (measured in third octave bands) and 
the “subjective” tape hiss in the midrange has been reduced 
through the adoption of AME equalization for both the 
original recording and the duplicator master.* 

Frequency response of 334-ips tapes is +2 db from 40 
cps to 10 kcps and down 6 db at 15 keps. Post emphasis 
deviates from the 6 db/octave slope by a curve rising at 
high frequencies in conformity with the admittance of a 
resistance-capacitance combination having a time constant 
of 120 psec. Tape noise level is frequently noticeable, and 
some recordings are susceptible to tape saturation at high 
frequencies. 

The principal factor which limits the dynamic range of 
recorded tapes is tape saturation at high frequencies, which 


2R. J. Tinkham and R. A. Isberg, J. Audio Eng. Soc. 7, 125-128 
(1959). 
%J. G. McKnight, J. Audio Eng. Soc. 7, 5-12 (1959). 
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Saturation Output, and Noise in 1/3 Octave Bands. 


Irish 211 beans "Peak Biased" at 500c, 73 ips 
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FREQUENCY IN CYCLES PER SECOND 


Fic. 1. 


Comparison of saturated signal outputs and biased tape noise levels for tape speeds of 


1%, 3%, 7%, and 15 ips. Bias was peaked at 15-mil wavelength for all speeds. 


is a function of tape speed and short wavelength recording 
losses. As the tape speed is increased, the wavelength of 
the signal on the tape also increases, and the recordiag losses 
at high frequencies are reduced proportionately. At the 
present state of the art, 7'!-ips recordings can accommodate 
a greater amplitude of high-frequency energy than 334-ips 
tapes and likewise 334-ips tapes are superior in this respect 
to 17%-ips tapes. 


TAPE SATURATION AND NOISE LEVEL VS TAPE SPEED 


Some 15-ips master tapes, which are satisfactory with re- 
spect to tape saturation at high frequencies, cannot be dupli- 
cated for reproduction at lower speeds unless the duplicator 
recording level is reduced with a corresponding reduction 
in the signal-to-noise ratio. This problem was discussed by 
McKnight at the Sixth Annual Western Convention of the 
Audio Engineering Society. His investigations show that 
the peak high-frequency energy on 15-ips masters is con- 
siderably higher than the average levels indicated by a vu 


4J. G. McKnight, J. Audio Eng. Soc. 7, 65-71 (1959). 


meter and frequently are great enough to reach or exceed 
the tape saturation level. 


Figure 1 was derived from data supplied by McKnight 
and shows the relationship between the noise levels and 
saturated signal outputs with respect to the nominal 1% 
distortion level for tape speeds ranging from 17% to 15 ips. 


These curves show that the 7'4-ips saturated signal has 
6-db greater level at 10 kc and 12-db more level at 15 kc 
than is possible with conventional recording techniques at 
334-ips. It also shows that the 15-ips tape speed affords a 
12-db greater output at 15 ke than does the 7% 2-ips tape 
speed. The high-frequency noise level, measured in one- 
third octave bands, is approximately 5 db less at 7% ips 
than at 334 ips. The 7'%-ips noise level is less than the 
15-ips noise level, but this is due to the fact that the repro- 
duce amplifier equalization is identical for both 714 and 15 
ips, and the noise generated by the tape as it passes the 
heads is greater at the higher tape speed. Since the appro- 
priate post emphasis was used for each speed, the data also 
show the advantages gained from equalization to boost the 
high-frequency energy at low tape speeds. If equalization 
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THE 120-IPS TAPE DUPLICATOR FOR FOUR-TRACK COMMERCIAL STEREO TAPES 


SOUND STAGE 


\ 


| e a @ | 3 CHAN MIXER 


. 
1 FOUR TRACKS CAN BE DUPLICATED 


SIMULTANEOUSLY ON 1/4" TAPE aT 
1S OR 301PS DUPLICATING SPEED, 
CARRYING TWO DIFFERENT 
STEREOPHONIC PROGRAMS IN 
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Fic. 2. Procedure used for producing four-track stereo tapes. 


had not been employed, a 5-keps tone at 334 ips would be 
reproduced at the same saturation level as a 10-kcps tone 
at 7% ips. 


It is customary practice to adjust the levels of 15-ips 
master recordings to attain the maximum signal-to-noise ra- 
tio without saturating the tape with high-frequency energy. 
Consequently, when lower speed dubbings or duplicates are 
to be made of such a master, it is frequently necessary to 
either reduce the level of loud passages or to de-emphasize 
the high frequencies by equalization to avoid tape saturation 
of the lower speed tape. Cathode-ray oscilloscopes or peak 
reading volume indicators are useful for evaluating the peak 
energy levels of master tapes and determining the most ap- 
propriate method for correction. 


A simple method for determining the amount of equaliza- 
tion needed and for adjusting the dubbing levels of the 
duplicator master tape is to simultaneously record a refer- 
ence copy at the ultimate 7'4- or 334-ips tape speed while 
making adjustments that will afford the most optimum 
signal-to-noise ratio and least overloading. Such a copy 
will have the same characteristics as a duplicator copy. 
Separate duplicator masters may be required for 742- and 
334-ips copies if the high-frequency energy on the original 
recording is pronounced. 


THE FOUR-TRACK DUPLICATING PROCESS 


The step-by-step process for producing four-track stereo 
tapes is illustrated by Fig. 2. The master tape is a '-in.- 
wide three-track AME equalized stereophonic 15-ips record- 
ing. The center track is usually used for a centrally located 
microphone or soloist. 


The three tracks are combined as desired through a mixer 
to feed a special two-channel recorder which produces the 
¥,-in.-wide four-track AME equalized duplicator master 
tape. Tracks Al and A2 are recorded during the first pass, 
the reel is turned over, and tracks B1 and B2 are then re- 
corded in the opposite direction. 


The duplicator master tape is spliced to long leader tapes 
having visible cue sections which indicate when operating 
functions such as “start slaves” or “stop slaves” are re- 
quired. 

A special tape transport which operates at either 120 or 
60 ips is equipped with a four-track reproduce head assem- 
bly which feeds four reproduce amplifiers. The reproduce 
amplifiers feed two dual channel record amplifiers which 
are connected to the four duplicator slave record head audio 
busses. Individual head monitoring and switching panels 
are supplied for each slave so that optimum bias and record 
current can be provided to each head. The bias supplies, 
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Fic. 3. A typical Ampex S-3300B four-track tape duplicator system 
in operation at Magnetic Tape Duplicators in Hollywood, California. 
The master console is adjacent to the rack which houses the bias 
supplies, two recording amplifiers, and master control panel. The ten 
slave recorders are started simultaneously from the master control 
panel. 


mounted at the top of the rack, will each furnish the bias 
current requirements for five slave recorders. 


TAPE DUPLICATING SPEED RATIOS 


The Ampex S-3300 duplicator system for producing 334- 
ips four-track tapes was operated with a master speed of 
60 ips and a slave speed of 15 ips. The system was designed 
to use 15-ips four-track AME masters. 

It soon became evident that higher duplicating speeds 
were desired by the industry, as well as provisions to pro- 
duce either 334- or 7'4-ips four-track copies. This led to 
the development of the Ampex S-3300B tape duplicator, 


Fic. 4. The slave head assembly contains two cast in-line stereo 
head stacks and precision tape guides. The slave switch panel is be- 
hind the tape transport. This machine operates at 60 or 30 ips with 
the capstan shown. 


which is shown in Fig. 3. This system uses only 15-ips 
four-track 12-in.-wide AME masters which can be repro- 
duced at either 120 or 60 ips. The slave tape transports 
operate at either 60, 30, or 15 ips. When the system is 
operated with a master reproducer speed of 120 ips. a 714- 
ips copy will be made with a slave speed of 60 ips, or a 
334-ips copy will result if the slave speed is 30 ips. Simi- 
larly, if the master reproducer is operated at 60 ips, a 7!4- 
ips copy will be made when the slave speed is 30 ips or a 
334-ips copy will be produced at 15 ips. 

With appropriate modification of the record pre-emphasis, 
17%-ips four-track copies can be made with the master tape 
being reproduced at 120 ips while the slaves are operating 
at 15 ips. 


DESCRIPTION OF THE AMPEX S-3300B 120-ips DUPLICATOR 


A typical duplicator installation employing ten slaves is 
shown in Fig. 3. The master reproduce console is adjacent 
to the cabinet rack which contains the record bias oscillator 
and amplifier, two dual channel record amplifiers, a control 
panel, and a fan and circuit breaker panel. The ten slave 
tape transports are each equipped with a control panel 
which provides adjustments for the bias and record currents 
for each head stack. 


Fic. 5. Four reproduce amplifiers are normally mounted on a shock 
mounted base inside the master reproduce console. These amplifiers 
are equalized to 120 ke for 120-ips tape speed, or to 60 ke for 60-ips 
tape speed. A relay automatically changes the equalization when the 
speed switch is operated. 


Figure 4 shows « close-up view of the slave head assem- 
bly. Tracks Al and A2 are recorded by the left-hand head, 
and tracks Bl and B2 by the right-hand head. The slot in 
front of the head assembly permits visual inspection and 
rapid cleaning as well as easy threading. 

Figure 5 shows the four reproduce amplifiers mounted on 
a shock mounted base inside the master console. The re- 
produce amplifiers are equalized to 120 ke which corre- 
sponds to the 15-kc signal when it is reproduced at 120 ips. 
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THE 120-IPS TAPE DUPLICATOR FOR FOUR-TRACK COMMERCIAL STEREO TAPES 


Two relay selected equalizers are provided in each amplifier, 
one for 60 ips and the other for 120 ips. 


The master reproduce head assembly is shown in Fig. 6. 
The head stack on the left reproduces tracks Al and A2, 
and the one on the right reproduces tracks B1 and B2. The 
reel idler at the left of the picture has been grooved to re- 
lease the air film which tends to isolate the tape from the 
surface of the pulley at 120 ips. A silicone damped high 
moment of inertia flywheel and a precision bearing assem- 
bly contribute to the maintenance of constant speed and 
achievement of very low flutter in the tape system. 


The belt driven capstan drive assembly and heavy duty 
capstan motor can be seen in Fig. 7. The drive system 
combined with the precision tape guides, capstan, capstan 
idler, and the grooved reel idler with the silicone damped 
flywheel has been a major contribution to the success of the 
120-ips tape duplicator. 


OPERATION OF THE SYSTEM 


The 120-ips master tape transport is normally operated 
in the “slow start” mode which means that its capstan is 
not turning when the start button is depressed. A forty- 
foot leader on the master tape precedes a white leader tape 
which serves as the operator’s cue to start the slave record- 
ers and the recording system. The slaves are operated in 
the fast start mode with their capstans rotating at the nor- 
mal 60-ips tape speed. They attain stable tape speed after 
approximately fifteen feet of tape have passed through their 
heads. The master leader tape is timed so that recording 
begins after the system is operating stably. 


Operating practices vary in different duplicating plants 
with respect to splicing several masters in series or dupli- 
cating one master at a time. One plant operates a special 
continuous loop master system continuously, thereby saving 
master rewind time. Other plants avoid rewinding by turn- 
ing the master over after each run which alternates the di- 
rection of the duplicated tapes. Automation devices are 


also used for cueing and starting equipment, and they are 


Fic. 6. The master reproduce head is shown with the cover lifted. 
It has cast in-line stereo heads, tracks Al and A2 are on the left and 
tracks B1 and B2 are on the right. The reel idler pulley on the left 
is grooved to relieve the air cushion which would separate the tape 
irom the pulley at high speeds. 
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Fic. 7. The Ampex 7870 tape transport is shown converted for 120- 
ips operation. The customary rim driven capstan flywheel has been 
replaced by a pulley flywheel, and a heavy duty hysteresis synchro- 
nous motor drives the capstan through a continuous nylon belt. 


activated by tones, photoelectric devices, or metallic con- 
tact film applied to tape leaders. 

The bias supplies are energized, and the recording chan- 
nels are connected to the slave heads by relays which are 
activated by the master start control. The record channel 
relays protect the heads from magnetization by transients 
that may occur in the record amplifier output coupling cir- 
cuits when power is turned on or off. 

Each recording channel includes a four position adjust- 
able pre-emphasis equalizer for master-to-slave speed ratios 
of 120:60 ips, 120:30 ips, 60:30 ips and 60:15 ips. This 
corresponds to an 8 to 1 duplicator/master speed ratio at 
120 ips or a 4 to 1 ratio at 60 ips. 

Since the system is recording two stereo programs simul- 
taneously, the duplicating time versus total length of re- 
cording time is actually 16 to 1 and 8 to 1, respectively, at 
the two master speeds. 


CONCLUSIONS 


The new concept of four-track stereophonic tapes has 
evolved through the development of refined techniques of 
record equalization, improved heads, improved tape, and 
more efficient tape duplicating equipment. The end result 
is superior quality commercial tape recordings at a lower 
cost. 

The new Ampex S-3300B 120-ips tape duplicator has 
been developed specifically for the production of the new 
four-track tapes. It operates at double the speed of former 
model tape duplicators and makes 7!4- or 334-ips copies of 
15-ips four-track AME masters. 

The 7'%-ips duplicates have a noise level that is no 
greater than that of NAB equalized studio master record- 
ings. This results from utilizing AME equalized original 
and duplicator master recordings, thus reducing the mid- 
range hiss level approximately 7 db. After making allow- 
ances for the 6-db reduction in output level and 3-db re- 
duction in noise level, approximately 4-db improvement in 
the signal-to-noise ratio is realized. 
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The frequency response of the 7'%2-ips four-track dupli- 
cates is +2 db from 40 cps to 12 ke and is down no more 
than 4 db at 15 kc. Tape saturation at high frequencies is 
determined by the magnetic characteristics of the tape and 
is adequate for high quality recordings that have a wide 
dynamic range. 


The 334-ips four-track tapes have a frequency response 
that is +2 db from 40 cps to 10 kc and down 6 db at 15 
ke. The lower tape speed reduces the 15-kc frequency 
dynamic range 12 db and the noise level at 15 ke 4 db 
compared to the performance at 7% ips. 


Similarly, 17-ips copies will be further limited both in 
frequency response, saturation, and noise level. 


The 7'%-ips four-track stereo tapes are destined to re- 
place two-track stereo tapes used for home hi fi and broad- 
casting. The lower speed four-track tapes will find wide 
application for background music systems, inexpensive home 
tape players, and other noncritical uses. 


THE AUTHOR 


'7e 


R. A. Isberg was born at Chugwater, Wyoming, in 1913. He 
received an A.B. degree in physical science in 1935 from the 
Colorado State College. and is registered in California as a 
professional electrical engineer. 

He has been employed in broadcasting and sound recording 
for the past 30 years and presently is a senior engineer in the 
Audio Products Division of Ampex Professional Products Com- 
pany. 

He is a member of the Audio Engineering Society, Acoustical 
Society of America, the Society of Motion Picture and Tele- 
vision Engineers, and the Institute of Radio Engineers. 


Ss 


| x 
; S| 
e. 
4 a 
se ' 
ee 
‘ 
ee | 
7 r 
: c 
h 
‘ 
* } 1 
>, n 
e t 
ee f 
= s 
Ges f 
‘ é f 
I 
he i 
ts 
¥ y B 
i 
ake 
aa 
et 
a 4. } 
: ite 
re 
4 
¢ 
i | 
: 7 
7 1 


JOURNAL OF THE AUDIO ENGINEERING SOCIETY 


APRIL 1960, VOLUME 8, NUMBER 2 


Recording Studio and Control Room Facilities of Advance Design” 


Mitton T. Putnamt 


United Recording Corporation, Hollywood 28, California 


A decided departure from conventional control room design, involving new planning of layout for 


improved stereo monitoring, is described in detail. 


In addition, the control console mixing facilities 


incorporate many unique features which provide maximum flexibility for simultaneous stereophonic 


and monophonic recording. 


- Spae problems of recording commercial phonograph rec- 
ords in the recording studios of today present many new 
complexities in both technique and facilities which were 
heretofore nonexistent. 

The most obvious reason for this, of course, is the multi- 
channel transmission and reproduction requirements for 
stereophonic recording systems. 

There are also many subsidiary problems which have 
made it necessary for us to literally “clean house” both in 
thinking and in rehabilitating our physical and electronic 
facilities to meet these requirements. 

This paper describes a recently completed recording 
studio in Hollywood which was designed primarily with the 
problems of stereophonic recording in mind, without sacri- 
fice to any methods or techniques heretofore used in mono- 
phonic recording. 

A brief description of the physical facilities of the plant 
is as follows: 

Three studios: (for live recording) 

Studio A—Approximately 65,000 cu ft. 

Studio B—Approximately 27,000 cu ft. 

Studio C—Approximately 3000 cu ft (dialog only). 

Studio D—For monophonic mastering, automatic Scully, 
equalizing, and echo facilities. 

Studio E—Recording transfer and mix studio. 3 track 
to 2 or mono. 9 input position console with 
equalizing and echo facilities for all inputs. 

Studio F—Identical to Studio D. 

Studio G—Stereo mastering, Neumann automatic lathe, 
Fairchild 641 stereo cutter system with dual 
limiter stereo mastering console. 

Echo chambers: 

A: (Two channels) 3600 cu ft. 
B: (Two channels) 3400 cu ft. 


* Presented Octaber 5, 1959 at the Eleventh Annual Convention of 
the Audio Engineering Society, New York. 
t President. 
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C: (Two channels) 2900 cu ft. 
M1: (Single channel) 2600 cu ft. 
M2: (Single channel) 1800 cu ft. 
In addition to the foregoing approximately 3000 ft* is 
devoted to shop facilities and laboratory. The executive 
offices and traffic offices occupy approximately 2500 ft*. 


STUDIOS 


In order to obtain maximum versatility of use of the 
recording studio proper it was decided to incorporate some 
means of varying the total number of absorption units in 
the studio. Much work has been done in the past in this 
connection, and such devices have been used as reversible 
wall panels having a high degree of absorption on one side 
and a hard surface on the opposite. Similarly, devices con- 
sisting of movable reflecting shutters which may be open 
or closed to cover up areas offering high absorption have 
been effective. In this particular case, a new avenue of 
approach has been implemented. From the results attained, 
it seems to be a satisfactory and convenient method for 
varying absorption over large areas using a minimum of 
mechanical movement. 

Figure 1 shows a cross section of two '%-in. perforated 
tempered Masonite panels each having '-in. diam holes 
on %-in. centers. The panel to the leit is fixed and 
does not move. Behind the immovable panel is 4 in. of 
fiber glass. In the A position the perforations in the front 
panel are in line with those in the fixed panel so that the 
sound may travel through and be absorbed by the acoustic 
blanket. In the B position the panel is moved upwards a 
quarter of an inch, and the perforation in the two panels no 
longer line up so that in this condition the total absorption 
offered by the panel is essentially that of an unperforated 
\-in. tempered Masonite panel. In the studios of United 
Recording Corporation of Hollywood these variable panels 
have been used in both Studio A and Studio B. Studio A 
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“B” POSITION 
(min. absorption) 


(max. absorption) 
Fic. 1. Method of obtaining variable absorption in the studios. 


(Fig. 2) has a volume of approximately 65,000 cu ft. There 
are 20 of these variable units which vary the total rever- 
beration time in the studio from 1.06 to 1.60 sec at 500 cps. 
This is a total change of 0.54 sec or 34%. 

Studio B (Fig. 3) is approximately 27,000 cu ft, and the 
reverberation time may be varied from 1.2 sec with the 
panels closed to 0.93 sec with the panels open. The change 
at low frequencies is not as great in either studio as that 
at 500 cps. 

One of the basic design considerations in planning the 


ty cles nas. Saisie Bille . San 
Fic. 2. View of control room end of Studio A. 
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studios was to maintain a satisfactory reverberation time to 
make it a comfortable room for musicians and other artists 
to perform in. Some criticism has been directed toward 
studios which have been deliberately designed on the “dead 
side” to provide a greater degree of separation. By doing 
so there is a noticeable limitation of the spatial effect in re- 
cording stereophonically as well as the psychological dis- 
advantage to large orchestras performing in the studio in 
that the musicians complain of lack of resonance of sound 
from their instruments. In some cases they tend to play 
unnaturally loud to overcome this condition. In _ both 
studios the.rooms are designed for a high degree of diffusion 
by virtue of splaying both wall and ceiling, which adds fur- 
ther to the pleasant live properties of the room. This fur- 
ther reduces the hazards of critical microphone placement. 


Boe wee 


Fic. 3. View of control room end of Studio B. 


CONTROL ROOMS 


The physical control room design is a substantial devia- 
tion from conventional control room layout since the basic 
design objective was to accommodate both monophonic and 
stereo monitoring without compromise and make it possible 
for both the recording and mixing engineer and the producer 
to be located in the optimum listening area for stereophonic 
monitoring. 

In an elevation of the control room of Studio B, the dis- 
tance from the speakers to the mixing engineer is approxi- 
mately 10 ft and his physical position in respect to the con- 
trol room window is such that he has a clear view of the 
studio at all times. The dimensions of the portion of the 
control room which extends into the studio and contains the 
monitor speakers was made as large as possible in order to 
prevent any undesirable low-frequency effects. The acoustic 
treatment within the control room was also designed to pre- 
vent an excessive amount of low frequency due to the un- 
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RECORDING STUDIO AND CONTROL ROOM FACILITIES OF ADVANCE DESIGN 113 


Fic. 4. View of control room. 


usual shape of the room. Three speakers are mounted sym- 
metrically as shown in Fig. 4. All three are used for three- 
track monitoring; the outside two speakers are used for 
two-track, and the center is used when recording mono- 
phonic only. 

Considerable time was spent in the determination and 
correction of the over-all acoustic response of the monitor- 
ing system in these control rooms using both selected band- 
width of random noise and a special warble tape which pro- 
vided a frequency variation of +10%. The warble tape 
provides discreet frequencies in a band from 30 to 15,000 
cps. 

Figure 5 shows the over-all acoustic response of the moni- 
tor system in the control room for the left, right, and middle 
speakers. 


CONTROL CONSOLE 


The requirements of a recording studio control console 
are considerably more complex by virtue of having to record 
three channel, two channel, and monophonically as well as 
the necessity for equalizing each channel individually and 
providing an independent control of reverberation on each 
channel. The control console described here is manufac- 
tured by Universal Audio, Inc. of Hollywood, and the block 
diagram is shown in Fig. 6 and pictured in Fig. 7. 


Microphone Input Channels 


There are twelve microphone input channels—normally 
without patching. The input impedance is 30-50 or 150-250 
ohms, balanced. Each input channel may be switched to 
any of three mixer busses (three position key )—left, middle, 
and right—or it may be patched to a fourth program mixer 
buss. Each microphone input channel provides equalization 


facilities using the 100D preamplifier in conjunction with 
the 100D equalizer located six to the left and six to the right 
of the main control panel. Low frequency provides flat, 
low roll, +3, +6, or +9 db boost at 50 cps. High fre- 
quency provides HF roll -3 or -6 and +3, +6, +9 db 
boost which may be switched for either 5 or 10 kc. There 
are four high level input channels; channels 9, 10, 11, and 
12 may be switched to 5 kohms bridging input line level. 


Program Output Channels 


There are four program output channels with provisions 
for two or three channel stereo. Left, middle, right, plus 
combined mixed for monophonic or fourth channel may be 
independent by patching from selected input channels. Out- 
put impedance of each buss is 150 or 600 ohms, balanced. 

The feed to the mono network is provided after the sub- 
master in each program channel by N4 (Fig. 6) which is a 
bridge isolation network providing 1 db loss in one direc- 
tion and 60 to 70 db of isolation from the other two termi- 
nals. The variable resistance is used to balance and correct 
for variation in input impedance of the following program 
amplifier. 


Echo Send Channels 


There are three echo send channels. Two send channels 
(left, right) are normaled to booster amplifiers to feed ap- 
proximate line level at 150 or 600 ohms, balanced. The 
third channel (middle) may be patched to a booster ampli- 
fier to feed the third echo driver buss. Each of the twelve 
microphone input channels is provided with an echo “send” 
key and individual “send” attenuators to accomplish inde- 
pendent control of the echo “send” from each position. The 
echo send buss is automatically selected as the left-right 
program key is thrown. Left and right echo “send” busses 
are provided with a vu meter. 
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FREQUENCY IN CYCLES PER SECOND 


Fic. 5. Measured frequency response curves of the three monitor 
speakers in the control room of Studio B. 
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RECORDING STUDIO AND CONTROL ROOM FACILITIES OF ADVANCE DESIGN 


Fic. 7. 


Control console. 


Echo Receive Channels 


There are normally two echo receive channels. However, 
a third echo receive position is available by patching into 
the “pan” pot input middle channel from a third utility 
booster amplifier. The two echo receive channels are pro- 
vided with booster amplifiers normaled to a mixer net in the 
left and right program busses. Input impedance to echo 
receive booster amplifier input is 50-150 or 600 ohms, bal- 
anced. 


Special Mixing Facilities 


Pan pots are provided to feed into each of the two stereo 
program busses (left and right). These pan pot inputs 
are 5 kohms bridging inputs so that any one of the 12 
microphone input channels may be bridged and fed into 
the opposite program channels for producing special effects 
and spatial repositioning of each input channel. The mono- 
phonic program mixer network has a fourth high level input 
position for facilitating even greater flexibility of operation. 

A unique feature is that the three submaster controls (left, 
middle, and right) may alternately be used as a ganged 
master to control the three channels simultaneously or be 
operated independently. This is accomplished by a ganging 
mechanism which is instantaneously engaged or disengaged 
with the turning of a small knob adjacent to these faders. 


VU Metering Facilities 


There are three program vu meters with +4, +8, and 
+12 range switch plus transfer switch for third meter to 
monophonic channel. The two echo drive vu meters indicate 
relative level to each echo driver. 

Monitoring Facilities 


Three 60-w amplifiers are provided for monitoring. In- 
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terlocked switching provides for convenient selection of 
monophonic monitoring or two or three channel stereo, with- 
out patching. In the monophonic position, the center moni- 
tor channel may be switched as follows: program, tape No. 1 
playback or tape No. 2 playback. The left and right monitors 
are muted in this position. If the monitor selector is thrown 
in the stereo position, the monitor input selector switch pro- 
vides for program, tape No. 1 playback or tape No. 2 play- 
back on each channel. Keys are provided for disabling the 
studio speaker on each channel individually. A speaker re- 
lay panel actuated by the above controls provides the neces- 
sary muting for studio playback and control room muting 
for talkback. 


Talkback Facilities 


A 10-w talkback amplifier is provided to feed studio talk- 
back speaker. A portion of the output of the talkback 
amplifier is bridged and fed to the program busses to pro- 
vide “I.D.” directly onto the tape. A separate gain control 
is provided to adjust the volume of the I.D. override circuit. 


Monitor Cue Amplifier 


An additional 10-w utility monitor is provided for use 
during dub-in’s over musical backgrounds, etc., for feeding 
headphones or separate speakers to the studio. 


Patch Panel Facilities 


Twelve rows of double jacks (total 144 circuits) are ar- 
ranged to provide access to every necessary equipment ter- 
minal or circuit. Each row has individual designation strips. 


Power Supplies 


Two identical power supplies are provided with instanta- 
neous switching to either for uninterrupted service. Either 
power supply will operate the entire console at 70% of its 
normal rating at either 50 or 60 cps, 110-v input. 


Over-All Electrical Specifications 


Gain—microphone input to program line 94 + 1 db. Fre- 
quency response: +1 db, 20-20,000 cps (with equalizer in 
flat position). Distortion—less than 0.5% IM at +24 dbm 
output (40 cps and 7 kc 4:1). Noise—at least 65 db below 
+-8 dbm output with an input level of —60 dbm. 

One of the unique features of this console is that it is 
completely self-contained, requiring no interconnecting wir- 
ing to racks, etc. The complete installation of these con- 
soles was accomplished in the control rooms in less than 
one day. 


MICROPHONE PREAMPLIFIERS 


Considerable emphasis was given to the preamplifier and 
equalizer design for the console in view of the more critical 
requirements of lower distortion, noise level, and higher 
output capabilities without overload. Figure 8 shows the 
schematic of the 100D preamplifier. 
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|, 450D HAS GOON TAP (ORANGE) 
|A\ o1sCONecT RIS WHEN 1008 EQUALIZER IS USED. 
|\@\ STRAP TO LOAD TRANSFORMER SECONDARY 

FOR USE AS A BOOSTER AMPLIFIER. : 
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Fic. 8. Schematic of Model 


Actually. very little change in the basic design of the 
studio microphone preamplifier has taken place in the last 
fifteen vears with the exception of newer type tubes. With 
the new studies which have been presented showing the 
energy distribution characteristic of modern commercial re- 
cording. there is a definite need to improve the performance 
through new design concepts of such an important unit in 
the transmission chain. 

The 100D preamplifier meets the following design objec- 
tives: 

1. Power output capabilities of the preamplifier are at 
least --20 dbm at less than 0.5% IM. 

2. The preamplifier is capable of handling a maximum 
input level of not less than —20 dbm. 

3. Noise level is not greater than an equivalent input 
signal level of —125 dbm. 

4. The design of the amplifier minimizes the necessity for 
critical selection of tubes. 

5. The equivalent input impedance of the microphone 
transformers is high enough at the lowest operating fre- 
quency to prevent excessive loading of a ribbon microphone 
which would adversely affect the low-frequency response. 

6. The amplifier incorporates variable equalization in a 
convenient flexible manner without loss of gain to provide 
boost or attenuation at both low and high frequencies. 

The front end of the 100D is a cascode circuit using the 
ECC 83 and will provide a voltage gain of approximately 
that of a pentode stage. However, the equivalent input 
noise level has been found to be considerably lower than the 


100D microphone preamplifier. 


pentode stage with random selection of tubes. The cascode 
amplifier was first described for audio use by Valley and 
Wallman.' 

In many preamplifiers available today the input trans- 
former is terminated in order to obtain flat frequency re- 
sponse when measured from a gain set. However, when the 
same preamplifier is driven by a reactive generator the fre- 
quency response may be entirely different. In view of the 
fact that we use a wide variety of microphones in which 
impedance varies widely as a function of frequency, it is 
necessary to design a preamplifier that will accommodate 
these microphones without affecting their performance. 

In reviewing our design objective it was decided that we 
should incorporate variable equalization in the preamplifier 
circuit. The use of equalization in microphone channels is 
somewhat of a common practice in the recording studio, and 
when used with judicious care can be a useful tool to the 
recording engineer. Some of the reasons why equalization 
might be used in the microphone channels are as follows: 

1. To complement the acoustics of a given studio. 

2. To compensate for the deficiency of certain type mi- 
crophones due to proximity or other location effects. 

3. To attenuate certain frequency ranges which may be 
interfering with the desired sound source being picked up. 

No attempt will be made here to argue the value of this 
technique; however, in view of the fact that it is being done, 


1G. E. Valley and H. Wallman, Vacuum Tube Amplifiers (Mc- 
Graw-Hill Book Company, New York, 1948), p. 440. 
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FREQUENCY IN CYCLES PER SECOND 


(a) 
Fic. 9(a). Frequency response curves of combination of preamplifier 
and equalizer. 


we set about to design a more convenient, flexible, and eco- 
nomical means of accomplishing the desired results. In 
conventional practice the microphone channel consists of a 
preamplifier of 40 db gain followed by a passive equaliza- 
tion network with a minimum loss of approximately 12 db. 
This, then, means two things: (1) that the net gain of the 
channel with equalization is only 26 db, and (2) that the 
preamplifier is required to put out 12 db more power before 
the signal reaches the fader. The approach to this problem 
in the case of the 100D amplifier was that an environmental- 
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Fic. 9(b). Schematic of 


Model 108B equalizer. 
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(b) 


Fic. 10. Model 100D preamplifier and Model 100B plug-in equalizer 
package. 


type equalizer was to be designed which would satisfy the 
following requirements: 

A. The equalizer itself is a package unit, extremely small 
so that it could be panel mounted as part of either the con- 
trol panel or immediately adjacent thereto. 

B. That the preamplifier as a unit could be operated re- 
taining all of its performance characteristics with or without 
this equalizer, by substituting one resistor for the equalizer 
package. 

C. That the equalizer package itself should be designed 
so that it may be operated as far as 25 ft away from the 
preamplifier and that it could be connected by no more than 
three conductors. In this case a single pair of two conduc- 
tor shield wire may be used. 

D. Another important requirement being that the distor- 
tion characteristics of the preamplifier are such that in the 
boost or attenuate position the distortion would not be in 
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Fic. 11. Schematic of Model 101D program amplifier. 


excess of 2 of 1% IM or 0.3 of 1% THD at an output 
level of +20 dbm. 

Figure 9 shows the frequency response curves and the 
schematic of the Model 100B equalizer. Pictured in Fig. 10 
is the preamplifier and plug-in equalizer package. 

Aside from the fact that we have salvaged 12 db of gain, 
improved our power output characteristic, and reduced the 
package size of the equalizer, we have also accomplished 
another important feature; namely, that the cost of each 
equalized microphone channel is less than half that provided 
by the other systems. 

It was determined that in order to incorporate variable 
equalization in the preamplifiers a minimum of 18 db of 
voltage feedback must be diverted to the B loop to facili- 
tate the necessary equalizer performance. The A loop, 
which is the internal loop from the plate of the output 
stage, is primarily used to provide stability as well as keep 
the over-all distortion level extremely low, irrespective of 
the variable equalizer settings. 

In view of the fact that it would be extremely difficult to 
incorporate variable equalizers in a push-pull amplifier and 
since the odd order harmonic distortion was reduced satis- 
factorily, it became necessary to use a parallel 12AY7 in 
the output stage in order to obtain the +20 dbm power 
output requirements. 

The preamplifier may be used as a flat preamplifier or 
booster by connecting one resistor on the terminal board in 


place of the remote equalizer and will operate at the same 
performance characteristics. If the preamplifier is to be 
used as a booster a terminating resistor of proper value is 
connected across the primary which presents a solid termi- 
nal impedance to the incoming source. Specifications and 
performance curves may be seen from Fig. 9. 


PROGRAM AMPLIFIER 


Figure 11 shows the program amplifier 101D used in the 
console which incorporates an output stage consisting of a 
push-pull 12BH7. The circuit is straightforward incorpo- 
rating two symmetrical feedback loops from the tertiary to 
the cathode of the input stage. An additional stabilizing 
network which corrects the distributed capacity unbalance 
in the transformers is represented by C4. In design it was 
found that in order to reduce the harmonic and intermodula- 
tion distortion to a satisfactory low level, some means of 
maintaining high-frequency dynamic balance with respect 
to the output stage was required. This is accomplished by 
sampling the unbalanced signal voltage across the unby- 
passed output cathode resistor and feeding it back in the 
proper magnitude to the center tap of the divider network 
across the secondary of the input transformer. In the case 
of a wide variation in the separate halves of the input 
12AX7 and output 12BH7 tubes, a reduction of better than 
5 to 1 in THD was obtained using this self-balancing loop. 

The performance of the 101D program amplifier is as 
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follows: Gain—42 db. Input impedance: designed to work 
from an input source of 30 to 60 ohms and 150 to 250 ohms, 
or 600 ohms (terminated input transformers). Output load 
impedance: 150 or 600 ohms, balanced. Due to the ex- 
tremely low internal impedance, the change in output volt- 
age from load to no load is negligible. Maximum output 
power: plus 30 dbm (1 w) at less than 1% IM (plus 28 dbm 
at less than 0.5%) using 40 cps and 7 kc 4:1. Total har- 
monic distortion at 1 w less than 0.5% 30 to 15,000 cps. 
Maximum input level: -12 dbm. Output noise level: better 
than 80 db below rated output. Frequency response: +1.0 
db 20 to 20,000 cps. 


SUMMARY 


There are many other phases of the recording studio op- 
eration comprising new equipment requirements with re- 
gards to mastering studios, re-recording consoles, echo 
chambers and auxiliary studio equipment which have not 
been covered. 


= “ee is: i “- age ie S ia 


It is hoped that the items discussed herein have been of 
particular interest to those involved in this field and to 
others who have allied interests. 
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Equalized Stereo Preamplifier for Professional Use” 


Errno P. Skov 


Fairchild Recording Equipment Corporation, Long Island City, New York 


Some of the necessary considerations in the design of a stereo preamplifier which will accommo- 
date a multitude of different cartridge types under optimum conditions are discussed. Described 
also is an actual measurement of the distortion in an over-all stereo disk recording and playback 
process to investigate the comparison between amplifier performance and over-all disk recording- 


playback performance of today. 


Signal-to-noise ratio is compared to that of the magnetic tape medium, and the treble adjust- 
ment to correct for discrepancies in cartridge response is illustrated. 


INTRODUCTION 


HE last two years have seen a rapid progress of a new 

art—stereo on records. Stereo on tape has been known 
for several years and facilities for this medium have been 
developed. The arrival of the stereo disk suddenly pro- 
duced a need for a new, sensitive preamplifier to fill the gap 
between the record and the console. 

The two most logical solutions were: (1) to use a home- 
type hi-fi stereo preamplifier, or (2) to add a second pro- 
fessional-grade equalizer and preamplifier to an existing 
monophonic system. 

Both methods have obvious drawbacks. Even though 
many home-type preamplifiers are developed to a high de- 
gree of perfection; few, if any, have the 150- and 600-ohm 
transformer output impedances which are necessary for pro- 
fessional use. The use of two monophonic preamplifiers 
may introduce space problems if both have to be mounted 
in the turntable cabinet. Two equalizing switches must be 
turned simultaneously, unless there is some special mechani- 
cal linkage between them. Another disadvantage in using 
two separate amplifiers is the problem of monophonic play- 
back. 

The system has to be compatible so that both kinds of 
records can be played. This can be achieved in two ways: 
either by playing both stereo and monophonic records with 
a stereo cartridge, or by using a monophonic cartridge when 
playing back monophonic records. 

The first method is the easiest, but unless the vertical 
components in the monophonic recordings are canceled out, 
audible distortion will occur which originates from “pinch 
effect,” and also there may be possible vertical rumble from 
the recording lathe. The second method, the use of a mono- 


* Manuscript received November 2, 1959. 


phonic cartridge, would also be good except that it involves 
the inconvenience of exchanging cartridges. The cartridge 
slide and cartridge turret supplied by Fairchild make this 
exchange relatively simple. There are other problems, 
however; the two cartridges must have the same impedance 
and output. As most professional preamplifiers have low 
impedance transformer input and often a passive equalizer 
preceding this, it is important that the cartridge impedances 
be identical in order to get correct equalization. The outputs 
may be different also. If 7 cm/sec is considered the stand- 
ard lateral velocity at 1 kc on monophonic records, the 
stereo cartridge should produce the same output at the 
standard velocity used on stereo records. 

The conclusion must be that the use of a stereo cartridge 
for both types of records is by far the most convenient. The 
only requirements are that the lateral frequency response 
shall be identical to the response in the 45/45° directions, 
and the preamplifier shall have provision for vertical com- 
ponent cancellation. 

This paper deals with the design of a stereo equalizer- 
preamplifier with inputs for all types of stereo cartridges, 
vertical component cancellation for monophonic playback, 
three different equalizations for each record type, and 150- 
and 600-ohm transformer output impedances. 


CARTRIDGES 


Basically, all playback cartridges constitute a resonant 
circuit. The resonant frequency in free air ranges from 
approximately 800 cps to a few kilocycles, and this is the 
frequency where the groove will have to supply a minimum 
amount of power to drive the cartridge, if it is not heavily 
damped. At higher and lower frequencies it takes more 
power from the groove assuming constant velocity. The 
RIAA bass attenuation keeps the necessary groove power 
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Fic. 1. Output voltage from some popular high impedance car- 
tridges at 3.8 cm/sec and 1 kc. 


down at low frequencies but drastically increases the power 
the groove has to supply in order to accelerate the effective 
stylus mass at high frequencies. This stress on the vinyl 
may cause excessive wear if the effective stylus mass is not 
small. Because of the RIAA equalization, the highest levels 
will often occur at the highest frequencies, and difference 
tones will be amplified. Let us measure how much distor- 
tion is actually produced in the over-all record playback 
process. Two high-frequency tones, 14,000 cps and 14,050 
cps, were recorded simultaneously in one stereo channel, 
both at 30 cm/sec with a Fairchild 641 stereo cutter system 
on an acetate. This level is near the maximum level found 
on stereo records. The cutter feedback, which gives an exact 
picture of the behavior of the cutting stylus, was monitored 
and checked for difference tone content. The amount was 
0.12%, which must be considered very low. The playback 
of this recording produced a few difficulties: first, the rum- 
ble of the cutting lathe exceeded the 50-cps difference tone 
in level; and second, the inherent wow and flutter in the 
mechanical drive made it difficult to use the General Radio 
wave analyzer which has a very narrow bandwidth. A dif- 
ference frequency of 250 cps was therefore chosen, and a 
broad band-pass filter with 12 db/octave slopes was used 
to eliminate the rumble and the 14-kc tones. The 250-cps 
difference tone amounted to only 0.94% of the 14-kc tone 
when played back with a Fairchild SM-1 through a Ballan- 
tine VTVM, which did not contribute to the distortion (dif- 
ference tone produced here was less than 0.01%). The level 
difference between 50 and 250 cps on the RIAA curve is 10 
db or 3.2 times, so the distortion with 50 cps as the differ- 
ence tone would have been 3%. This is a rather low dis- 
tortion figure at 30 cm/sec. 

The many different types of stereo cartridges can be di- 
vided into three major groups: (1) moving coil, (2) moving 
magnet and variable reluctance, and (3) ceramic and crys- 
tal. 

The moving coil type is velocity responsive, has relatively 
low impedance, and is mainly resistive, which makes it ideal 


for use with input transformers with high step-up ratios. 
This type of cartridge has thus, in essence, the highest out- 
put in the velocity responsive cartridge category. 

The moving magnet and variable reluctance types have 
stationary coils and normally much higher impedance; they 
also have higher inductance to resistance ratio which limits 
the step-up ratio of possible input transformers. Normally 
the cartridges are designed to have the best frequency re- 
sponse when terminated by a load resistance of 47 kohms. 


The ceramic and crystal cartridges are amplitude respon- 
sive and are seldom used with professional equipment. An 
ideal cartridge could produce an output proportional to 
velocity by shunting it with a resistor equal to the capacitive 
impedance at a high frequency such as 30 ke or higher. If 
the cartridge is used as an amplitude-responsive device with- 
out resistive load, or with a capacitive load to decrease the 
impedance and level, the response would still deviate 5 to 
6 db from the RIAA curve at most frequencies if special 
measures have not been taken in the mechanical construc- 
tion of the transducer. This is easily seen by drawing a line 
with 6-db/octave slope through 1 kc on top of an RIAA 
curve. 


Different types of high impedance stereo cartridges were 
tested for output at 3.8 cm/sec. Most have approximately 
5-mv output, but levels 6 db above and below this value 
are also seen (see Fig. 1). 


AMPLIFIER 


Using the information outlined above, some of the more 
important design considerations in the amplifier will now be 
described. The amplifier may be divided into four different 
sections: (1) input stages, (2) equalization stages, (3) 
level controls—vertical cancellation, and (4) output stages. 


Input Stages 


As the output level from high impedance cartridges varies 
approximately 12 db, and if moving coil types with input 
transformers are also considered, a variation of up to 30 db 
exists. The greatly varying levels on the records will make 
this figure even larger. Since the maximum signal-to-noise 
ratio is decreased by this amount, ¢wo inputs are provided, 
each with an optimum compromise of distortion and noise: 
one is transformer input, the other tube input. 


Transformer Input 


The transformer has three taps at 600, 150, and 37.5 
ohms, a choice which should cover most existing and future 
cartridges of the low impedance type. The transformer is 
a miniature type with good frequency response and a turns 
ratio of 1:20 from the 600-ohm tap, thus transforming a 
600-ohm cartridge impedance into 600 20° = 240 kohms 
at the following grid. If we take, for example, the Fair- 
child 232 stereo cartridge with 2.5 mv/3.8 cm/sec and 600- 
ohm impedance, the voltage at the grid will be 50 mv/3.8 
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Fic. 2. Output voltage from different brands of moving coil car- 
tridges at 3.8 cm/sec and 1 kc. 


cm/sec or 14 db higher than any of the moving magnet or 
variable reluctance cartridges tested (see Fig. 2). 

The transformer distortion was measured in two different 
ways, as two types may give a fair representation of the 
performance. 

The first type is harmonic distortion. This is low at high 
frequencies: 0.17% total harmonic was measured at 1 kc 
and 10 v across the secondary which is very low when con- 
sidering that 400 mv is the maximum level under normal 
use (Fairchild 232 playing back 30 cm/sec). The maxi- 
mum distortion will occur at low frequencies, and Fig. 3 
shows the total harmonic distortion, mostly third, at a fre- 
quency of 50 cps. To find out where we are on this curve, 
let us assume a level of 3.8 cm/sec at 1 ke with peaks not 
higher than 10 db above the vu meter reading. With RIAA 
pre-emphasis 17 db or 7 times, the maximum velocity at 50 
cps is 

3.16 3.8/7 = 1.7 cm/sec or approximately 
2-mil amplitude. 

Again using the Fairchild 232, which is one of the highest 
output moving coil cartridges, the maximum output from 
the secondary will be 

IJ X23 XDA Aw, 
which will produce approximately 0.003% total harmonic 
distortion. This figure is obtained by extrapolation of the 
distortion curve (see Fig. 3). 

The second type of distortion is the production of a dif- 
ference tone by two high-frequency tones and a nonlinearity, 
amplified by the use of the RIAA equalization. This dis- 
tortion was measured after the RIAA equalization stage to 
get a true reading. Let us here assume that there is no 
distortion from the RIAA equalization stage; this will be 
proved later. Taking the worst condition: 15,000 and 
15,050 cps, both recorded at 30 cm/sec and played back 
with the Fairchild 232 cartridge with 2.5 mv/3.8 cm/sec: 

(30/3.8) >< 2.5 mv = 20 mv at the transformer input. 
We therefore fed 20 mv from two generators into the trans- 
former at 15,000 and 15,050 cps and picked out the 50-cps 
difference tone with the General Radio wave analyzer. It 
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Fic. 3. Harmonic distortion in 605 input transformer at 50 cps. 


represented 1.3% of the 15-kc output level after equaliza- 
tion. The difference tone distortion before RIAA equaliza- 
tion is then 36 db or 60 times lower 


1.3/60 = 0.02%. 
Tube Input 


A special input is provided for high impedance cartridges 
with a loading resistance of 47 kohms. The transformer is 
here substituted by a tube with no frequency discrimination 
but with heavy negative feedback. A feedback of 18 db is 
applied, and the input impedance to the first grid is high. 
A 100-pyp»f capacitor shunting the grid suppresses possible 
interference from radio transmitters. 


As low-frequency noise, such as the flicker noise from 
tubes, is emphasized by the RIAA playback equalization, 
noise readings will measure this type of noise. However, 
the most audible noise is hiss, and in order to determine the 
hiss level from the tube input stage, a 6-db/octave high-pass 
filter with 500-cps transition frequency was inserted. The 
hiss was —64 dbm or 68 db below -+-4 dbm at the output of 
the amplifier and can be considered satisfactory. The mag- 
netic tape medium through which the signal must pass be- 
fore being put on the record has a maximum unweighted 
signal-to-noise ratio of 55 db (half-track for stereo and 3% 
distorted signal) or 49 db below 1% distorted signal, which 
corresponds to the +4 dbm output level of our amplifier 
which has an unweighted signal-to-noise ratio of at least 
60 db (64 db for transformer input). The reason for the 
higher audibility of hiss than flicker noise is evident from 
the Fletcher-Munson curves. If we consider 40 db above 
10°°° w/cm? as the average noise level in the listening room, 
the curves show that frequencies between 1 and 5 kc are 
40 db more audible than noise at 30 cps, or 30 db more 
audible than noise at 60 cps. As there is no transformer in 
this input and the tube has 18 db of negative feedback, the 
only significant type of distortion is the production of a 
difference tone. Assuming the use of a high output moving 
magnet cartridge such as the Fairchild SM-1, which pro- 
duces 10 mv/3.8 cm/sec and playback of 15,000 and 15,050 
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Fic. 5. Harmonic distortion vs input voltage for 12AX7 without 
feedback. 


cps simultaneously, both at 30 cm/sec, the output voltage 
from the cartridge would be 
10 & (30/3.8) = 79 mv. 
We therefore fed 79 mv from two generators at 15,000 
and 15,050 cps into the first grid, and the 50-cps difference 
tone was picked out, as above, with a General Radio wave 
analyzer after the RIAA equalization stage, which also here 
is assumed not to contribute to the distortion. A total of 
1.5% difference tone distortion was measured after the 
RIAA equalization. This means that the actual difference 
tone before RIAA equalization would be 
1.5/60 = 0.025%. 

The distortion produced by the two input circuits is 
similar and 120 times or 42 db lower than that produced by 
the mechanical elements of the playback process. 


Equalization Stages 


The equalization curves provided are flat, RIAA, and 
roll-off. RIAA is the standard equalization for stereo rec- 
ords, 3,180, 318, and 75 psec; flat is RIAA minus the treble 
attenuation; and roll-off is RIAA with an additional 40-ysec 
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Fic. 6. High-frequency adjustments. 


roll-off. Figure 4 shows the frequency discriminating feed- 
back from plate to grid of one-half of the 12AX7 providing 
the equalization. This equalized-amplifier stage was as- 
sumed above not to contribute to the difference tone produc- 
tion. We will now prove this: let us feed 15,000 and 15,050 
cps into the equalizer stage. The maximum levels from 
input tube and transformer are 79 mv * 6 = 474 mv and 
20 < 20 = 400 mv, respectively. As these signals in both 
cases are fed from a 240-kohm source, they will be attenu- 
ated 38 db or 86 times by the low input impedance Z at 
15 ke. 

C = 75 ppf & 50 = 3750 ppf 
or 
Z = 1/oC = 1/(2 X w X 15,000 XK 3750 K 10°") = 

2.8 kohms. 

The grid input voltage is then 

(2.8 & 500 mv) /240 = 5.8 mv. 
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Fic. 7. Examples of possible corrections of cartridge response. 


The input tube had a difference tone distortion of 0.025% 
for 1l-mv input. The distortion here is even lower, and 
there is no RIAA equalization to amplify it. 

The only distortion possible in this stage is at low fre- 
quencies where the feedback is minimum. The highest level 
at 50 cps is found above to be approximately 25 mv. Figure 
5 shows harmonic distortion in one-half of the 12AX7 with- 
out feedback. Extrapolation from this curve down to 25 
mv gives a total harmonic distortion of 0.2%. The use of 
extrapolation eliminates the irregularities near the zero 
point, where generator distortion and other factors make 
exact measurements difficult. As there is a small amount 
of feedback left at 50 cps and the harmonics are attenuated 
at a rate of 6 db/octave, the harmonic distortion will be 
less than 0.1%. The distortion will decrease with increas- 


ing frequency, and it is seen that distortion from this stage | 


is negligible. As the amplification factor of the input stage 
is 6, the tube noise from the equalizer stage will be 6 times 
or approximately 16 db less critical at low frequencies and 
better than 16 db at higher frequencies where the ampli- 
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(a) 


(b) 
Fic. 8. Model 605 equalizer-amplifier. 


fication is reduced by the increased feedback. 
Level Controls—Vertical Cancellation 


Figure 4 also shows the level controls which are 100-kohm 
linear potentiometers with 10-kohm resistors to ground, 
limiting the variation to 10 times or 20 db. Two 100-kohm 
mixing resistors will add the two 45° channels, the sum of 


which by definition will give lateral sensitivity of the pickup 
and decreased vertical sensitivity; in the ideal case, com- 
plete cancellation. The 40 psec roll-off in the “roll-off” 
position of the equalization switch is accomplished in this 
same circuit using the 100-kohm mixing resistors as the 
resistive component in a 6 db/octave low-pass filter. 


Output Stages 


The output stage is a rather conventional feedback pair, 
a 12AX7 and a 12BH7 with feedback from the plate of the 
12BH7 to the cathode of the 12AX7, and transformer out- 
put. The transformer secondary has 150- and 600-ohm bal- 
lanced windings. Distortion is low, approximately 0.1% at 
+4 dbm and there is no’ peak clipping before +27 dbm. 
There is provision for insertion of 30- or 50-db attenuating 
pads if booster or microphone levels should be desired, so 
that the amplifier may operate at the best compromise of 
distortion and noise. Two independent treble controls in 
each channel make it possible to correct for discrepancies in 
cartridge frequency response. Figure 6 shows the variation 
of the controls, and Fig. 7 shows three different brands of 
cartridges with and without correction. 

Adequate separation at high frequencies is assured by 
careful layout and at low frequencies by proper decoupling 
of the B+. Separation at 1 ke is 50 db, and better than 
35 db at any frequency between 30 and 15 kc. 


CONCLUSION 


This has been a description of some of the more important 
design considerations in the Fairchild Model 605 equalizer- 
amplifier as shown in Fig. 8. Amplifier design is an old art 
which has often resulted in excellent products. But it must 
be kept in mind that a careful study of the exact nature of 
the material to be fed into the amplifier is necessary in order 
to design for optimum performance. 
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Stereophonic Patterns” 


BENJAMIN B. BAUER AND GEORGE W. SIOLES 


CBS Laboratories, Stamford, Connecticut 


By matrixing the two channels of a stereophonic signal and applying the sum (ZL + R) signal 
to the horizontal plates and the difference (L-R) signal to the vertical plates of an oscilloscope, 
a pattern is traced which portrays the stylus-tip motion in a 45-45° record. This is helpful in 
studying important relationships in stereophonic transmission, recording, and reproduction. 


INTRODUCTION 


N CONSIDERING the content of a two-channel stereo- 

phonic program, it is sometimes convenient to think in 
terms of a “sum signal” which can be obtained by adding 
the two channels of information, and a “difference signal” 
which is obtained by subtracting one channel from the 
other. In some of the media for recording and transmission 
of stereophonic signals, the sum and the difference signals 
appear in an orthogonal relationship with each other and 
form a stereophonic pattern. Therefore, it becomes a matter 
of interest and importance to study these stereophonic pat- 
terns, and this paper offers some of the highlights of such a 
study. 

A convenient way of portraying stereophonic patterns is 
by placing the sum signal S on the horizontal deflection 
plates of an oscilloscope, and the difference signal D on the 
vertical deflection plates. The arrangement is shown by 
means of a schematic diagram in Fig. 1. The left and right 
signals are received through the two double winding trans- 
formers. One set of windings is connected so that the sig- 
nals are subtracted from each other and the other so that 
they are added. The sum signal causes the beam to deflect 
horizontally and the difference signal causes it to deflect 
vertically. As stylized on the drawing, a wavy pattern is 
produced. 

For study purposes, it is convenient to photograph these 
patterns. With the shutter adjusted for an instantaneous 
exposure of 1/25 sec a “burst” may be obtained, as shown 
in Fig. 2. Alternately, if the shutter is open for a time 
interval of, say, 10 or 20 min or longer, the resulting photo- 
graph will portray the average energy content of the pattern 
during the interval, as shown in Fig. 3. From these photo- 
graphs the contents of the sum and difference information 
and the energy distribution of a particular selection can be 
readily measured. 


APPLICATION TO 45-45° RECORDING 


In a 45-45° stereophonic record, the left channel modula- 
tion L is defined by a stylus motion at 45° with the z axis 


and in a manner of speaking it may be associated with the 
motion of the inner groove wall. The right channel modu- 
lation R is defined by a motion at 135° with the z axis and 
similarly it may be associated with the motion of the outer 
groove wall. Referring to Fig. 4(A), it is seen that the sum 
signal 0.707 (Z + R) appears as the horizontal modulation 
and the difference signal 0.707 (1—R) appears as vertical 
modulation. This diagram demonstrates that the stereo- 
phonic pattern previously described portrays the motion of 
the recording stylus in a 45-45° disk. Hence, what we learn 
from the stereophonic patterns can be directly applied to 
disk recording technology. For example, we can at once 
determine how much vertical motion exists and adjust the 
groove depth control mechanism to insure an adequate en- 
gagement with the tip of the playback stylus. One word 
of caution is needed: the signals from the master tape repre- 
sent the voltage outputs and not the stylus amplitudes. 
To portray a pattern of stylus amplitude, suitable RIAA 
amplitude networks should be provided between the master 
tape and the oscilloscope amplifier. However, to study the 
amplitudes of the playback stylus on a disk already re- 
corded, one only needs to play the disk with a stereophonic 
amplitude-responsive (piezoelectric) pickup without any 
equalization, and the resulting pattern will portray the 
stylus motion. 


APPLICATION TO STEREOPHONIC BROADCASTING 


Another example of the use of stereophonic patterns is the 
application thereof to the analysis of AM _ stereophonic 
broadcasting. In the quadrature modulation system of 
stereophonic broadcasting,' the left and right channels are 
added to provide a sum signal (Z + R), and this sum sig- 
nal is used to amplitude-modulate the carrier as in con- 
ventional broadcasting. At the same time, one channel is 


* Presented October 8, 1959 at the Eleventh Annual Convention of 
the Audio Engineering Society, New York. 

1 J. M. Hollywood and M. Kronenberg, “A stereophonic transmis- 
sion system for AM broadcasting.” Presented October 8, 1959 at the 
Eleventh Annual Convention of the Audio Engineering Society, New 
York. 
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Fic. 1. Arrangement for portraying stereophonic patterns. 

subtracted from the other to provide a difference signal 
(L—R), and this difference signal is used to modulate the 
carrier in quadrature. In Fig. 4(B) the (1+ R) phasor 


is added in phase and the (L—R) phasor is added in 
quadrature to the carrier C to produce the total antenna 
voltage phasor E. Here, again, it is seen that the tip of the 
phasor E will describe a stereophonic pattern. The presence 
of the quadrature modulation has little or no effect upon 
the reception of the sum signal by a monophonic receiver 
with an envelope detector, as long as the amount of quadra- 


ture modulation is small relative to the amplitude modula- 
tion; otherwise distortion may result. The distortion pa- 
rameter is a function of the maximum angle @ between the 
radius vector E and the unmodulated carrier vector C. 
Therefore, in transmitting stereo over the airwaves it be- 
comes important to control or modify the stereophonic pat- 
tern of the transmitted material in such a manner that the 
angle @ and the consequent possible distortion will not ex- 


, ceed a predetermined amount. An opposite operation should 


be performed at the stereophonic receiver to restore the full 
amount of stereophonic information. Stereophonic patterns 
are a valuable tool for determining the amount of control 
or modification required for this purpose. 


Fic. 3. 


Pattern obtained with 10-min exposure. 


ALTERNATIVE DISPLAY PATTERN 


If the 45-45° modulation is geometrically equivalent to 
the horizontal-sum vertical-difference modulation, then one 
should be freely convertible into the other. This indeed is 
the case. Referring to Fig. 5, the L and R signals can be 
fed directly into the vertical and horizontal defiection cir- 
cuits of the oscilloscope, and the whole instrument may be 
tipped 45°. The resulting patterns will be identical to those 
obtained with the arrangement in Fig. 1. We are indebted 
to Mr. William S. Bachman, Director of Research and 
Engineering of Columbia Records, for this suggestion. 


THE PATTERN SHAPE 


When the stereophonic recording art first began to de- 
velop, it was expected that stereophonic patterns would be 
circular because of the rationale that two unrelated L and 
R signals would in all probability produce a circular pattern. 
It soon became apparent that in actual practice, stereo- 
phonic patterns would tend to be oval, like the one in Fig. 3. 
The reason for this flattening may be readily seen from Fig. 
6, which shows a recording method in which two spaced- 
apart microphones are used. For simplicity, let there be 
three sources of sound of equal intensity placed at —1, 0, 
and -++1 units along the x axis. Let the microphones M be 
placed immediately in front of the sources at —1 and +-1, 


L4iaR 
5 Tum 
c (L+R) 
707 (L+R) 
(A) (B) 
Fic. 4. (A) Sum and difference modulation in 45-45° recording. 


(B) Sum and difference modulation in quadrature modulation stereo- 
phonic broadcasting. 
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Fic. 5. 
patterns. 


Alternative method for producing stereophonic display 


and at one unit apart from these sources. Consider first the 
source at —1. Since the sound pressures are inversely pro- 
portional to the distance, the pressures at the left and right 
microphones will be 1 and 1/¥Y 5, respectively. Because of 
the great distance between the microphones, L and R may 
be considered virtually at random phase with each other and 
therefore the most probable value of either the sum or dif- 
ference will be the same. The output contributions of L 
and R squared will therefore be 1.2 for both the sum and 
the difference channels. A similar contribution to L and R 
squared will be made by the source placed at +-1. There- 
fore the total S and D in all likelihood will be equal, and the 
circular pattern will be traced. Consider next the effect of 
a central sound caused by a source at 0. The distance be- 


at ° +1 


O 


Oe 
1 wry 
L R 
x L ~ v R* s* o* 
oo] ' Ws ' \/s 12 12 
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Fic. 6. Generation of oval patterns in spaced microphones system 
of stereophony. 


tween the source and the microphones is Y 2, so that the 
contributions to L and R are 1/V 2 each. Here, the cor- 
responding signals are in phase, and their sum will be 
2/V 2 = \ 2, and the sum squared is 2. At the same time, 
the contribution to the difference signal will be zero because 
the two signals are equal and opposite. Adding these figures 
to the ones obtained previously for two sources provides a 
total sum signal of 4.4 and a total difference signal of 2.4. 
The ratio of D/S = (2.4/4.4) * = 0.74. 


BENJAMIN B. BAUER AND GEORGE W. SIOLES 


The analysis in the preceding paragraph pertains to the 
so-called “spaced microphones” system of stereophony. A 
somewhat different result is obtained with the “intensity” 
system of stereophony. An example of this system is 
shown in Fig. 7 where the sources are placed as before, 
but the microphones are two velocity microphones ex- 
hibiting figure-eight patterns aimed at the sources placed 


at -1 and +1. Since the distance between the outer- 
most sources and the microphones is Y 2, the output 
-1 ° +1 
x ° : 
vz ' 
x L R s s D o 
4 707 ° 707 5 707 5 
+1 ° 707 707 5 -707 5 
Is 1.0 ID*1.0 B/s = C) 
° 707 .707_—s«.414 20 ° 0 
rs* 3.0 r0* 1.0 o/s 58 C = 


Fic. 7. Generation of oval pattern in the intensity system of stereo- 
phony. 


for, say, just the left source will be 1/Y 2 = 0.707 for 
the left and 0 for the right microphone. Therefore, the sum 
and the difference signal are both equal to 0.707, while the 
sum and difference squared are 0.5 each. From the source 
located at +1, a similar contribution is received; the sum 
and the difference squared again both equal 0.5. There- 
fore, the total sum and difference squared for the outermost 
sources will be 1 each, and D/S=1. A circular pattern 
will again result. If, however, when a central source is 
added, then the two microphones will produce equal signals 
of 0.707 unit; since these signals are in phase, the sum 
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Fic. 8. Stereophonic pattern for selection with little central sound. 
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Fic. 9. Stereophonic pattern for selection with considerable central 
sound. 
will be 1.414 and the difference will be 0. Adding the 
squares of these values to the previously obtained sums of 
the squares, the total sum signal squared now is 3, while the 
total difference signal squared remains 1; hence, the ratio 
between the difference and the sum signals will be Y 1/3 = 
0.58. 

Different locations of the sound sources will produce 
ovals of different shape. It will be observed, however, that 
greater distribution of sources of sound will tend to produce 
a flatter ellipse. On the other hand, a circular pattern rep- 
resents an almost certain lack of center signal. Figures 8 
and 9 show some typical stereophonic patterns. Figure 8 
has little central sound. Figure 9 exhibits considerable cen- 
tral sound. Practically all patterns examined had a D/S 
ratio within the limits of 0.55 and 0.85 with an average of 
0.7. 

With the use of stereophonic patterns it becomes simple 
to determine if a record or a tape is out of phase. In this 
case, the oval will have its long axis along the ordinate, 
instead of the abscissa. The amplitude of modulation on 
records can be readily ascertained by comparing the stereo- 
phonic pattern with the pattern of a single tone from a test 
record of known amplitude. Such a calibration is shown 
in Fig. 10. 


PINCH EFFECT 


While practically everyone is aware of the existence of 


Fic. 10. Single tone calibration from test record. 


Fic. 11. Pattern for monophonic record exhibiting pinch effect. 


“pinch effect” in monophonic disks, few have seen a graphi- 
cal demonstration of its action. To this end, a monophonic 
record with considerable middle and high-frequency modu- 
lation was played with a stereophonic pickup connected to 
the stereophonic display system. The resulting pattern is 
shown in Fig. 11. The pinch effect is readily observed as a 
widening of the center of the pattern. This, indeed, is what 
would be anticipated because pinch effect causes maximum 
vertical motion of the playback stylus at the point of maxi- 
mum velocity which tends to occur near the center of the 
pattern. 


CONCLUSION 

Stereophonic display patterns provide an interesting and 
useful tool for stereophonic research and development. The 
dimensions and shape of the pattern serve as a guide for 
stereophonic recording and transmission. The orientation 
of the long axis serves as an indication of proper phasing 
for the record or tape so that prompt corrective action can 
take place. The form factor of the display pattern can help 
to establish the requirements for quadrature modulation in 
AM stereophonic broadcasting. 


THE AUTHORS 


Benjamin Bauer's biographical sketch is given on p. 93 of 
this issue. 

George Sioles graduated from Columbia University in 1949, 
then set up his own company for design and installation of 
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The Tape - Head Relationship in Multitrack Recording’* 


FRAZER LESLIE 


Ampex Corporation, Redwood City, California 


This paper evaluates the basic tape-to-head relationship that applies in multitrack recording in 


comparison to that relationship in monophonic operation. 


It studies such factors as frequency 


response, crosstalk, signal-to-noise ratio, distortion, and tape drop-outs, and shows that the only 
significant difference that occurs in multitrack recording is a small deterioration in the signal-to- 
noise specifications. The mechanical considerations of azimuth alignment and gap-to-gap spacing 


are also discussed. 


.—— basic tape-to-head relationships in multitrack re- 
cording are much the same as in monophonic full-track 
recording, so this paper will deal mainly with the differences 
that occur in multitrack or narrow-track systems. 

Magnetic tape consists of a thin layer of finely divided 
iron oxide particles coated on a layer of plastic tape. The 
oxide is usually between 0.0003 and 0.0005 in. thick and is 
composed of a multitude of tiny magnets whose directions 
can be oriented by the field of a recording head. Thus, the 
record head leaves a magnetic pattern on the tape and is 
an excellent means of storing electrical signals. 

As the tape passes by the playback head, the flux field 
surrounding the tape threads through the coils of this head 
and reproduces the electrical signals. The magnetic pattern 
can be removed by an erase head which is energized with 
a high-frequency bias current. 

The head is constructed by winding a coil of fine wire on 
a high permeability magnetic core shaped in the form of a 
ring. The core is divided in two halves with a gap formed 
by inserting a very thin nonmagnetic spacer between the 
halves. The tape is then made to contact the head at this 
gap, both for recording and reproducing. 

In multitrack recording the width of each head is always 
smaller than the over-all width of the magnetic tape. This 
introduces some differences, since there is magnetic tape on 
one or both sides of the head. This material may or may 
not be magnetized with signals. (Of course, if there are no 
signals, there are no problems.) Let us first consider the 
effects produced on over-all system frequency response if a 
signal is present. A practical situation occurs when a full- 
track standard frequency response tape is reproduced on a 
multitrack head. It is observed that the low-frequency re- 
sponse is increased by an amount depending on such factors 


* Presented October 7, 1959 at the Eleventh Annual Convention of 
the Audio Engineering Society, New York. 


as tape speed and whether the narrow track playback head 
is at one edge of the tape or nearer the center of the tape. 
This effect is not present when reproducing recorded tracks 
that are the same width as the reproduce head and which 
are centered directly on the reproduce head. It is caused 
by the fringing magnetic field from the area of the tape that 
is adjacent to the playback head. As the recorded wave- 
length becomes longer, the fringing field increases and in- 
duces more voltage in the playback head, causing the re- 
corder to seem “hot” as the frequency decreases below about 
500 cps. This effect can amount to approximately 2 to 5 db 
at 50 cps, again depending on the type of recorder. There- 
fore, caution should be exercised when using full-width 
standard tapes on narrow-track recorders. Narrow-track 
standard tapes would eliminate the effect, but it is not feasi- 
ble for a manufacturer to supply standard tapes for all the 
various types of multitrack recorders manufactured, so that 
only full-track tapes of this type are available. 

This is not a practical problem in magnetic tape recording 
because of the standard practice of adjusting the playback 
amplifier equalization to a standard curve. The recorder 
will then be flat at the lower frequencies, since there are 
no practical difficulties with tape and heads at the low- 
frequency end of the spectrum. The over-all system re- 


sponse can then be checked at the low frequencies by mak- | 


ing a response run on the recorder being tested, since its 
record head will record the same width track as the play- 
back head. The playback amplifier equalization should not 
be adjusted at the low frequencies on a full-width standard 
tape. The fringing effects are not noticeable at the higher 


frequencies, so a full-track standard tape can be used to | 


test these frequencies on a multitrack machine. 

The next most important factor is crosstalk. First, con- 
sider the fringing effect which was mentioned before. If a 
recorded track adjacent to the playback head carries a sec- 
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THE TAPE-HEAD RELATIONSHIP 


ond signal, there would apparently be the possibility that 
the fringing flux from this second track would induce a 
voltage in the playback head and thereby produce crosstalk. 
It would also seem logical to assume that as the wavelength 
increased (that is, as the frequency decreased) this type of 
crosstalk would become worse. This line of reasoning is 
correct; however, the fringing field decreases so rapidly as 
the interfering track is spaced away from the playback head, 
that in the practical case where there is a small spacing be- 
tween the adjacent track and the head, this type of cross- 
talk has completely disappeared and is not a practical prob- 
lem. 

Effects do arise, though, if two heads are stacked one 
above the other. The two coils of the heads become equiva- 
lent to a very poor transformer, and a transformer action 
exists whereby the current flowing in one coil can induce a 
voltage in the adjacent coil and produce crosstalk. On a 
magnetic coupling basis, this crosstalk increases as the fre- 
quency decreases. 

Another source of crosstalk is through the capacitive 
coupling between the two heads and any associated wiring. 
This produces crosstalk at the higher frequencies. 

Proper head construction and shielding reduce these ef- 
fects to the point where crosstalk is not a practical problem 
in multitrack recording. Of course, adequate precautions 
must be taken in the design of the electronic circuits, since 
it is possible to produce crosstalk in the electronics them- 
selves. 

The next effect to be considered is that of signal-to-noise 
ratio; since multitrack recording implies a track narrower 
than the full width of the tape, the effect of reducing track 
width will be discussed on the basis of signal-to-noise ratio. 
If all other factors remain equal, reducing the track width 
by one-half will produce one-half the voltage in the play- 
back head, a reduction of 6 db. Because of the random 
nature of the noise produced from the tape, the noise will 
be reduced only 3 db. Therefore, the over-all signal-to- 
noise ratio is reduced 3 db for a 50% reduction in track 
width. (The assumption was made here that the tape noise 
was the predominant noise present. If the system is limited 
by amplifier noise, then the signal-to-noise ratio would be 
decreased 6 db, but this is usually not the case.) The over- 
all effect of a 50% reduction in track width is to degrade 
the signal-to-noise ratio by a factor somewhere between 3 
and 6 db, usually a little over 3 db. 

There is no change in distortion as the track width is 
reduced. 

In magnetic tape recording, an effect known as “drop- 
out” occurs when the oxide of the tape is not in intimate 
contact with the head. This can be caused by a speck of 
dirt on the tape or by a hole in the oxide layer. In either 


case, the signal drops out as this defect passes the head. 
The bigger the particle or hole, the greater is the reduction 
in signal level. These effects are usually of very short dura- 
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tion and primarily affect the high frequencies. They are not 
especially noticeable in audio recorders. Reduction of track 
width increases this effect since a given size particle will 
remove a larger percentage of the narrower track from con- 
tact with the head. Modern day tapes have fewer such de- 
fects than in the early days of magnetic tape recording. 

The azimuth alignment of narrow recording tracks is not 
as critical as in full-track recording; as the track width is 
reduced, the azimuth alignment error can be proportionately 
larger. This azimuth alignment error can be caused both by 
misadjustment of the head and by variations in the way the 
tape passes over the heads. Azimuth alignment affects the 
high-frequency response of the recorder, and so narrow-track 
recording is quite steady at the high frequencies in regard 
to azimuth alignment and tape weaving across the heads. 

Flutter is the same in a multitrack recorder as in a full- 
track recorder, especially if all the heads are located in one 
stack. It is conceivable that if the heads are in two or more 
stacks, there might be some flutter effect in the phase of the 
signals in the various head stacks. This is not a practical 
problem in audio recorders. 

Care must be taken in the construction and wiring of a 
multitrack head assembly to make sure that all channels 
are in phase, since the reversal of connections to one head 
would make that channel 180° out of phase with all other 
channels. More than one head stack is often used in multi- 
track recorders where more than two or three tracks are 
involved. This is done to produce low crosstalk head struc- 
tures with very close track spacing on the tape. In this case 
the gap-to-gap distance between the record head stacks 
must be identical to that spacing in the playback head 
stacks in order to prevent phase shift of the signals on ad- 
jacent tracks. This can be accomplished with great ac- 
curacy. 

To summarize, the head-to-tape relationship in multi- 
track recorders is quite similar to that of full-track mono- 
phonic recorders. The greatest difference is a slight loss in 
signal-to-noise ratio as the track width is decreased. Azi- 
muth alignment is less critical, but care must be taken in 
the design and construction of the head assembly to prevent 
crosstalk. In using standard frequéncy response tapes on 
multitrack recorders, it must be recognized that the fre- 
quency response measured from such a tape will be a little 
hot on the low-frequency end of the spectrum. 
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Audio Isolation Networks 


HENRY KorkKEs 


CBS Radio, New York, New York 


Passive networks designed to transmit signals between certain terminal pairs (ports) but not 
between others may be termed “isolation networks.” The desired isolation is obtained by providing 


multiple paths of transmission, so that signals following an undesired path cancel. 


Audio applica- 


tions of this principle including stereo matrixing are illustrated. 


ASSIVE networks designed to transmit signals between 

certain ports, (terminal pairs) but not others may be 
termed “isolation networks.” They are characterized as 
providing several paths of transmission in such a way that 
cancellation results for signals traveling between isolated 
ports. 

Let this principle be illustrated with a familiar example 
—the Wheatstone bridge, used as a splitting network (Fig. 
1). If the network is redrawn (Fig. 2), one can see two 
paths of transmission between ports Nos. 1 and 2. One of 
these paths consists of branches A and C, while the other 
path consists of branch B and the input branch. By sym- 
metry it can be shown that a second input can be substi- 
tuted for branch B, and that the two input ports will be 
isolated from each other. 

At this point, it might be instructive to look at the degree 
of isolation achieved. If all resistances are of equal value, 
and the load at every port forming part of a path of trans- 
mission looked exactly alike, the isolation would be perfect. 
For the Wheatstone bridge, the minimum isolation using 
1% accurate values is about 46 db. In more complicated 
networks, the isolation is generally better; first, due to the 
greater attenuation of the network, and second, due to the 
larger number of components involved in each path, the 
sum of many errors tends toward a smaller average error. 

Another well-known isolation network is the hybrid coil 
(Fig. 3). If each of the three windings has an equal num- 
ber of turns, the terminating impedance of ports Nos. 1 and 
2 is half that of ports Nos. 3 and 4. Obviously, there is 
isolation between ports Nos. | and 2. Somewhat less ap- 
parent is the isolation between ports Nos. 3 and 4; this 
may be shown using scattering matrix formalism.! For a 


* Presented October 9, 1959 at the Eleventh Annual Convention of 
the Audio Engineering Society, New York. 

1H. J. Carlin, “An Introduction to the Use of the Scattering 
Matrix in Network Theory,” M. R. I., Polytechnic Institute of Brook- 
lyn, Rept. R-366-54 PIB 300 (June, 1954). 


Fic. 1. Wheatstone bridge used 


PORT 3 8 as splitting network. 


OUTPUT- PORT | 


less elegant proof, one can assume port No. 4 short-circuited. 
With a certain voltage applied to port No. 3, the voltages 
and currents of ports Nos. 1 and 2 may be found. Repeat- 
ing the computation with port No. 4 open, the same results 
are obtained. As for transmission through the network, 
with polarities arbitrarily chosen as shown, signal applied 
to port No. 4 will appear at ports Nos. 1 and 2 in phase, 
while signal applied to port No. 3 will appear at port No. 2 


INPUT BRANCH PORT 3 


Fic. 2. Two paths of transmis- 


sion between the output ports. 


OUTPUT 
PORT | PORT 2 


in phase and at port No. 1 out of phase. Therefore, the 
network is useful not only as a splitting network but also as 
a matrix for stereo purposes. With left signal applied to 
port No. 4 and right signal applied to port No. 3, the sum 
will appear at port No. 2, while the difference is available 
at port No. 1. 


PORT 4 
> - 
PORT | | 
nig - Fic. 3. The hybrid coil. 
PORT 3 
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From the standpoint of matrixing, the hybrid coil differs 
from the Wheatstone bridge in that the two isolated outputs 
of the bridge provide either sum signals or difference signals, 
but not both. Returning to Fig. 1, if the second input is 
shifted to branch C, matrixing is achieved with no isolation 
between the input ports; by interchanging inputs and out- 
puts, the inputs will be isolated.* 


ee 


Fic. 4. A resistive stereo 


matrix. 
LEFT SUM 


To derive a resistive matrix possessing isolation between 
the input ports as well as the output ports, let us postulate 
the existence of same and draw the required paths of trans- 
mission (Fig. 4). The two paths of transmission between 
the input ports are seen to be self-canceling; likewise, the 


Fic. 5. 
network. 


Required paths of transmission in five-way conference 


two output ports are isolated. Each path of transmission 
consists of two resistances, one in series with each leg of 
the path. For matched operation, the value of R = 0.707Z, 
and the loss is about 10.7 db. 

A problem sometimes encountered, in broadcasting is that 
of discussion-type programs with several originating points, 
scattered perhaps all over the world. A cueing facility is 
required to permit each participant to hear all others but 
not himself. 


2P. C. Goldmark and J. M. Hollywood, J. Audio Eng. Soc. 7, 73 
(1959). 


Fic. 6. Signal applied at port No. 1 is canceled at port No. 6. 
Reversed paths of transmission are shown as dashed lines. 


Two unidirectional telephone circuits are employed be- 
tween a central mixing location and each of the N remote 
points. By using N(N —1) unidirectional devices, such as 
amplifiers, the required cueing facility may be provided, but 
if N is greater than three, this solution can be rather cum- 
bersome. 
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Fic. 7. A physical arrangement of the five-way conference network. 
Terminals with like numbers are connected together. 


Belevitch,** by using the scattering matrix synthesized 
passive networks, accomplished this objective; he termed 
these as “four wire conference networks.” His papers de- 
scribe both lossless and resistive types. 

The derivation of resistive conference networks may be 
simplified by using the same “path of transmission” concept 
employed earlier. For example, let us find a network suit- 
able for five originations. Each of the five sources is fed 
to four loads, giving twenty required paths of transmission 
(Fig. 5). Since there are three ways for the signal to travel 
between any two input ports (each of which is composed of 
two paths in cascade), complete isolation between input 
ports is impossible to achieve without adding internal nodes. 
This is characteristic of resistive conference networks with 
an odd number of port pairs; with NV = 5, the attenuation 
may be sufficient for most applications. 

Now let us reverse a group of paths in such a way that 


3 V. Belevitch, Elec. Commun. 27, 231-244 (1950). 
4. Belevitch, Proc. Symposium Modern Network Synthesis 5, 
175-196 (1955). 
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5 6 7 8 
SUM 


Fic. 8. Four-way conference network, showing its possible applica- 
tion as three-channel stereo matrix. 


we obtain cancellation of each input signal at the corre- 
sponding output port. This is possible because the number 
of signals arriving at any port is even. For odd N, trial and 
error will yield a quick solution since a cyclic structure is 
possible (Fig. 6). Since a shift of the port numbers does 
not change the reversed path structure (shown as dashed 
lines) a single check of a pair of ports is a complete check 
of the network. A possible form of construction is shown 
in Fig. 7. For matched operation, R = 1.735Z, and the 


HENRY KORKES 


attenuation is 17.5 db. Isolation between two input ports 
is greater than 35 db. 

A four-way conference network is shown in Fig. 8. Here 
isolation between two input ports is complete, but since no 
cyclic structure is apparent, a complete check of the isola- 
tion is necessary. This is accomplished by checking for 
cancellation between every pair of input ports. By sym- 
metry, the same is true of output ports. Since there is 
isolation between inputs, signal flow from input ports to 
output ports will be along paths of transmission only. For 
matched operation, R = 1.225Z, and the loss is 14.7 db. 

An additional use of the four-way conference network as 
a three-channel stereo matrix is also shown. This matrix 
could not have been derived as easily as the two-channel 
matrix of Fig. 4. From this, we may conclude that if a 
particular group of required paths of transmission do not 
give the required isolation, additional paths to dummy ports 
may be added to yield the desired isolation. This method 
is especially useful if the phasing is specified, as in stereo- 
phonic applications. 
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Manufacture and Use of Double Coated Tape for 


Continuous Cartridges” 


LAWRENCE E. KNEES 


Reeves Soundcraft Corporation, Danbury, Connecticut 


This paper describes the manufacture and use of magnetic tape especially designed for continuous 


loop operation in the fields of pre-recorded music, advertising, and educational material. 


Extremely 


interesting developments in language training are possible through use of continuous cartridges. 
The paper includes preparation and properties of the product, some of the problems involved in 


manufacture, and criteria of successful use. 


INTRODUCTION 


OW many times has it been said: “I'd like to take ad- 
vantage of the improved performance of magnetic tape 
over records if only it weren’t necessary to cope with the 
intricate set of reels, capstans, and spring loaded levers that 
are inherent in tape reproducing equipment”? Engineers 
and technicians who handle tape day in and day out are 
willing to put up with the complexity of the tape recorder. 
However, the mass market has generally refused to accept 
this in place of the more easily handled phonograph record. 
A tape handling system, more readily acceptable to the less 
dextrous, is the self-threading tape cartridge. 

Perhaps a glimpse into the past that formed the back- 
ground for this development will be interesting. One of the 
first commercial devices which was employed to produce 
continuous sound was the Reeves Sound Studio’s RecurO- 
phone (Fig. 1). This device used 16-mm motion picture 
film variable density sound track in an endless loop with 
the film feeding from the free floating center around a 
capstan, where it was scanned by a photocell scanning sys- 
tem and returned to the outside film pile. This equipment 
was used in the 1939 World’s Fair and by American Air- 
lines in their introduction of the DC-4 airplane to the 
American public, and also in the presentation of Gargantua. 

Patent literature goes back many years, and in the 1920’s 
a patent was filed which described a problem of friction and 
static in the operation of a metal belt in a continuous loop 
form and means of alleviating same. 

Around 1944 and 1945, there was a nation-wide distribu- 
tion of a motion picture jukebox which combined sound and 
pictures called Soundies Equipment and was manufactured 


* Presented October 7, 1959 at the Eleventh Annual Convention of 
the Audio Engineering Society, New York. 
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by Mills Novelty Company. This, too, used motion picture 
film of course and it was successful only because of the de- 
velopment of processes which densified film emulsion with 
resultant decrease in friction and static propensities. 

Eight or ten years ago, Mohawk Industries introduced an 
endless loop magnetic tape device and this equipment is 
still being manufactured, so we see that the recent wide- 
spread commercialization of magazine tape devices is not a 
new development but is based on old principles and old art. 

Relative motion or sliding between adjacent tape strands 
in a magazine results from an inequality in feed and en- 
trance diameters. Since the tape is in a coiled endless loop, 
an element of tape leaving at the feed diameter must take up 
at the entrance diameter and travel through the coil to the 
center (Fig. 2). The tape is driven at constant velocity; 
therefore, the inequality in diameters must be taken up by 
the ability of the tape to slide freely by itself at each strand 
in the coil. The ease with which sliding of tape over tape 
occurs determines the efficiency with which the magazine 
will operate. Consider, for example, a tape for which the 
force to pull one over the other is great. When this tape 
is formed into an endless coil the tension in the feed strand 
is high because it must overcome the resistance of the tape 
to slide. 

A hyperbolic hub design (Fig. 3) was developed to sup- 
port the strand of tape as it leaves the stack. It is at this 
point that the greatest stress is applied to the tape, and 
jamming or binding will usually occur here.. The hyperbolic 
shape allows the tape strand to twist as it leaves the center 
of the stack and pass out over the top of the stack in a 
plane which is almost at a right angle to the stack. 


LUBRICATED TAPE 


In the early experiments to evolve a cartridge tape, at- 
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Fic. 1. Reeves Sound Studio’s RecurOphone. 


tempts were made to put the lubricants necessary to make 
a low friction coating right into the oxide mix. Since Mylar 
base is commonly used, this approach was very unsuccessful. 
When the lubricant was put in the coating, it lost anchorage 
to the base material. Also, the addition of too much lubri- 
cating material to the oxide resulted in poor mechanical 
properties of the coating, as well as a loss in output, and 
degradation of other magnetic properties. This led to the 
inevitable solution of putting the lubricant over the oxide 
coating. Many types of lubricants will reduce the kinetic 
friction of the tape. Silicone oil and dry lubricants such as 
graphites and molybdenum disulfides are good examples. 
In order to maintain a low starting friction, experience 
proved that a dry lubricant was the most desirable type. 
It is necessary to have the dry lubricant adhere adequately 
to the surface of the oxide and not continually drop off, 
which would, of course, eventually collect inside the car- 
tridge. The application of powder-type lubricants through 
dipping or sprinkling over the oxide was done. However, 
this did not adhere adequately to the oxide coating. Lubri- 
cants were soon developed containing dry materials such as 
graphite dispersed in a very light carrier, which would 
enable the lubricant to be coated over the oxide in very 


FEED DIAMETER 


Fic. 2. The inequality of 
feed and take-up diameters in 
a coiled endless loop of tape. 


TAKE UP DIAMETER 


very thin layers. Since the high-frequency response of the 
tape will go down rapidly with any additional coating over 
the oxide, it was necessary to keep this coating as thin as 
possible and still maintain the frictional characteristics de- 
sired. 

There are several common methods which can be used to 
apply this coating. Spraying is one method, roller coating 
is another, and the use of a hopper or doctor blade can also 
be employed. Because of the very thin coating requiréd, 
roller coating techniques are considered to be the best 
approach to applying this lubricating layer. 


CONDUCTIVE COATINGS 


After low friction is obtained, there is still another very 
important characteristic which is necessary for good opera- 
tion of cartridge tape. As each layer of tape slides against 
its adjacent layer, a static charge is built up in the tape 
due to stiction forces. As the static charges increase, adja- 
cent layers of the tape may be attracted to each other with 
sufficient force to stop the free sliding action which results 
in rapid jamming of the cartridge. 


CENTER BEARING —— 


NYLON TO NYLON>—— 


ORY LUBRICANT COATED 
ON DISC AND HUB 


CONVEX SURFACE 
Fic. 3. The hyperbolic hub design. 


This brings up the necessity of conductivity to be present 
in the cartridge tape, to dissipate the static charges that 
have built up. There are three main places where conduc- 
tivity is essential. The first is in the lubricant, which is 
applied to the tape itseli—there, conductivity is needed to 
drain off the static charges from the tape. Five megohms 
resistance for '4-in. wide, l-in. long sample should not be 
exceeded. The second is in the oxide—it is necessary to 
fully utilize the conductivity of the lubricant. If this is 
not done, a small amount of static charge can be built up 
on the tape even though the coating on the surface may be 
highly conductive. Certain places in the cartridge must also 
be conductive for long-run operation, one of which is the 
bottom or supporting plate on which the tape convolutions 
remain and rotate. In the case of a solid plastic bottom 
plate, it is desirable to coat this with a lubricating and con- 
ductive coating, thus lowering the friction between the edges 
of the tape when standing on end, and the bottom or sup- 
porting plate. In some larger versions of cartridges, graph- 
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MANUFACTURE AND USE OF DOUBLE COATED TAPE FOR CONTINUOUS CARTRIDGES 


ite rods are used to support the tape at intervals, rather 
than supporting it continuously along the whole bottom 
plate. 


IMPORTANCE OF TAPE SURFACE CHARACTERISTICS 


The surface charactersitics of the tape are important in 
determining how long a tape will perform satisfactorily. As 
the tape surface gets smoother, the friction will increase. 
Therefore a somewhat rough surface on the tape is desir- 
able. Since this is detrimental to high-frequency response, 
naturally a compromise must be reached between surface 
roughness and loss in high frequency. Some of this loss is 
overcome by the use of magnetic pigments which exhibit 
better high-frequency characteristics in the makeup of the 
oxide. After a long running time the tape gets smooth 
enough to actually block; that is, it adheres to the adjacent 
surface because of the Johanson block effect. Since it would 
be futile to put a rough surface on the tape and then use 
a very soft coating which would rapidly wear off this sur- 
face, a coating that is much harder than that used in stand- 
ard recording tape is employed. This hardness enables the 
tape to wear for long periods of time without having the 
surface changed to any great extent. As tape coatings are 
made harder, they become less flexible and do not exhibit 
good anchorage characteristics on the base materials. There- 
fore, it is also necessary to strike a compromise here. Con- 
sideration must be given to anchorage of the coating, which 
if it were too hard would flake off or if it were too soft 
would form sticky balls at the edges. Either one of these 
problems would result in unsatisfactory operation of the 
magazine. 


DISCUSSION OF ADDITIONAL FACTORS 


Because of the severe stresses which are placed upon the 
edges of the tape in a continuous cartridge, the slitting of 
the tape must not produce any roughness or irregularities 
of the tape edge. 

Some attenuation in high-frequency response will be ex- 
perienced from the overcoating of the oxide with the lubri- 
cating coating. This is attributed to the separating of the 
tape from the head. By precise control of the thickness of 
the lubricating layer, this attenuation is held to a maximum 
of 1 db at “%4-mil wavelength. By carefully selecting the 
operating bias during the recording phase it is possible to 
achieve a substantially flat frequency response curve rela- 
tive to standard recording tapes. The over-all output will 
be somewhat lower, however, due to the thinner coating of 
magnetic oxide which is used. 

New magnetic coatings are under development that will 
have a marked improvement in both long and short wave- 
length response. These coatings will make possible a signal- 
to-noise ratio that is superior to that which is now attain- 
able. 


Research is continuing to look for new and improved lu- 
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bricants which may extend the life expectancy of the car- 
tridge many times. The use of stronger, yet thinner base 
materials will increase the playing time of cartridges with- 
out increasing their physical size. Tensilized Mylar already 
looks promising in this respect. 


APPLICATIONS 


We may all see the day when cartridges are re-recorded 
with the latest top tunes each week by merely taking them 
to the local music store, inserting the cartridge in a machine 
along with a coin, and waiting a few moments for the new 
tunes to be recorded in place of the old ones. 


The widest use at the present time of all types of continu- 
ous cartridges using lubricated tapes is in the background 
music field. Although there are relatively few libraries now 
being released on endless loop cartridges for home or enter- 
tainment use, this will undoubtedly change as more and 
more playback units get into the hands of the public. 


One very interesting and potentially large application 
is the use of dual-track cartridges in language teaching. 
The lesson is recorded on one track and the student’s own 
interpretation on the second. Upon playback, if the results 
are not satisfactory, a new attempt can be made immedi- 
ately by the student, since, after playback, the tape is once 
again in the starting position. 


Another use, to which the armed services have put car- 
tridges, is in the making of mass audiometer tests. A tape 
cartridge has the frequencies of the audible spectrum re- 
corded at various intensity levels, with identified spoken 
announcements. The patient taking the test merely has a 
card on which are listed the frequencies, with numbers after 
them identifying the intensity levels. When the lowest level 
is reached that can be identified, he merely checks this num- 
ber. It can readily be seen how this greatly speeds up mak- 
ing such tests, when there are many thousands to be 
checked, as happens in the armed services. 


Recorded music for automobiles was tried once on phono- 
graph disks but was a failure. Bumpy roads made it diffi- 
cult for the pickup head to track smoothly. The difficulty 
of loading the turntable and getting the tone arm started 
at the correct point under driving conditions was a problem. 
Recently, prototypes of cartridge player units have been 
demonstrated to the automotive industry using both stereo- 
phonic and monophonic tapes. There is a very likely chance 
that 1961 will see cars coming off the production line with 
production units installed. 


Another application that has started is the use of car- 
tridges in unattended broadcast stations. The spot an- 
nouncements are placed on endless loop cartridges, while 
the entertainment portions of the program are carried on 
conventional tape recorders that have cueing tracks to acti- 
vate the cartridge mechanism. Collins Radio Company has 
recently announced the availability of automatic programers 
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which can be readily incorporated into existing broadcast 
equipment. 


CONCLUSIONS 


The tape cartridge does not overcome some of the basic 
disadvantages of all tape use, one of which is the present 
inability to skip instantaneously from point to point. Fu- 
ture developments will undoubtedly come along that will 
remove this disadvantage. It is presently minimized in 
some equipments by the use of high-speed handling and 
digital counters. Subsonic tones recorded on the tape can 
also be used for automatic indexing of the program within 
the cartridge. 
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Letters to the Editor 


INTENSITY vs TIME DIFFERENCES IN STEREO 
Paut W. Kuipscn 
Klipsch and Associates, Inc., Hope, Arkansas 


[IT HAS been stated so many times that “sense of direction is prin- 
cipally dependent on intensity difference” that authors and readers 
alike are beginning to believe it. Yet the precedence effect has been 
recognized for at least 25 years. A recent paper “Auditory Localiza- 
tion of Clicks” by Deatherage and Hirsch! measures the loudness 
difference required to overcome a stipulated delay time. My own 
limited experiments with a recessed center speaker in a three-channel 
stereo array indicate the impracticability of attempting to overcome 
the delay with increased center channel volume. Crowhurst? appears 
to base the stereo concept primarily on sound intensity. Steinberg 
and Snow® recognized the importance of the delay time. 

It seems the subject of delay is so difficult to handle—to measure 
in terms of stereo performance—that there is a tendency to try to 
ignore it. Personally, I do not like to face up to it myself, but there 
is too much evidence of its effect for it to be pushed aside. 


1 Deatherage and Hirsch, J. Acoust. Soc. Am. 31, 486 (1959). 
2 Norman H. Crowhurst, J. Audio Eng. Soc. 5, 129 (1957). 
3 Steinberg and Snow, Elec. Eng. 53, 9 (1934). 


INTERNATIONAL STANDARDIZATION OF STEREO 
Wrtu1aM H. Orrennavuser, JR. 
New Canaan, Connecticut 


DESPITE all our present knowledge of physics, mathematics, physi- 
ology, psychology, and sound recording and transmission, we still 
know very little about how the human being selects and identifies 
the clues that impart stereo information for the average listener (in 
the statistical sense) and for the critical observer whom we may rea- 
sonably assume has been trained to observe natural events such as 
musical concerts because of his professional training in music. 

Certainly we know very little of the physical phenomena that re- 
sult in differences of appreciation between these two groups. Since 
we aré now aware that the human nervous system is energized at 
least partly by the ear which has bundles of frequency overlapping 
aural nerves that seemingly are of lengths and diameters proportional 
to, say, piano strings and which fire like thyratrons when triggered 
—and have recovery times in the order of several cycles—our prob- 
lem of interpretation has not been made simpler even though solu- 
tions may be amenable to pulse techniques. We are, in effect, faced 
with a problem quite like that of an analog computer used to pro- 
vide digital information: we must be interested in and analyze the 
analog-to-digital conversion characteristics of the over-all system, 
and be interested, at least theoretically, in its converse. 

The “Progress Report of Panel 1 of the National Stereophonic 
Radio Committee” by Hirsch,! has seemingly been keenly aware of 
these significant physical facts; the report is a masterpiece of 
thought organization in a very difficult and complicated subject. It 
has wisely refrained from slamming the door on the subjective aspect 
of the stereophonic problem, and has established Panel 6 under the 
able chairmanship of Dr. Goldsmith to “. . . provide to the other 
panels the available scientific information on the subjective aspects 
of the stereophonic reproduction of sound.” It would not be sur- 
prising to learn that the subjective aspects will in the future dictate 
to a large measure the characteristics of the system or systems to be 
recommended. Since the pertinent data are so widely scattered, I 
know that Dr. Galdsmith and Panel 6 will be most happy to receive 
scientific contributions from every person who is in a position to 
offer them, regardless of when and where the information originated. 
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It is to be hoped that the committee deliberations, when prepared 
in the form of recommendations, will be offered for standardization 
to the American Standards Association. Should there be no provision 
for doing so at this point, I would suggest that arrangements be 
made to do so through the Audio Engineering Society and through 
other members of ASA such as the Institute of Radio Engineers. 
Without such formal standardization through ASA, there can be no 
really useful result. It is only through ASA that such standards may 
be offered to the International Standards Organization, through which 
action it will be possible to play American records on European and 
other equipment and vice versa, and to have the interchangeability of 
radio and other programs that we all seek. Such could be the first 
major contribution of the Audio Engineering Society to progress in 
the art and science of sound recording and transmission. 


‘Charles J. Hirsch, J. Audio Eng. Soc. 8, 2 (1960). 


THE COMPUTER AS A MUSICAL INSTRUMENT 
J. R. Prerce 
Bell Telephone Laboratories, Inc., Murray Hill, New Jersey 


AT THE 1958 New York meeting of the Audio Engineering Society, 
M. V. Mathews presented a paper on the generation of musical sounds 
by means of a digital computer. Further work was described in a 
paper, “Generation of Music By a Digital Computer,” by M. V. 
Mathews and N. Guttman, which was presented at the Third Inter- 
national Congress For Acoustics, in Stuttgart, September 2, 1959. 

Through the work described in these papers, Mathews has pro- 
vided a means for generating a sequence of musical sounds. These 
sounds are represented by 20,000 samples per second; this allows a 
bandwidth of 10,000 cps. Four voices (four notes sounded simul- 
taneously) are allowed. A punched card must be prepared for each 
note or rest. Numbers on the cards specify the wave form, duration, 
pitch, and intensity of the note. 

The program causes a 704 computer to produce a sequence of 
numbers which are recorded digitally on a magnetic tape. These 
numbers correspond to samples of the wave form of the combined 
notes. The computation takes about 10 times the playing time of 
all notes. In the experiments we have conducted, four notes were 
not sounded simultaneously all of the time, and the computations 
have taken around 25 times the playing time of the music. 

The sequence of numbers on the magnetic output tape which repre- 
sent the musical sounds are transformed into an analog representation 
of the sound wave by means of output equipment designed for 
acoustic research. 

During the past year various experiments have been carried out to 
evaluate some capabilities of this very simple program. Four re- 
corded examples show: 

1. A rather conventional and somewhat mechanical effect attained 
by using three voices, the upper a sine wave and the lower two 
square waves. 

2. The effect of playing in strict time seven notes in the treble 
against five in the bass; this is easy with the computer but would be 
rather difficult for a musician. 

3. The effect of a peculiar attack obtained by initiating each treble 
note with an amplitude four times its final amplitude, the larger 
amplitude persisting for the first 1/10 sec of the note. 

4. The effect of a bass produced by sounding simultaneously two 
waves which differ in frequency by 4 to 10 cps and which have dif- 
ferent relative amplitudes. 

While the sounds produced by these means are primitive, the range 
of effect produced by a program which might seem to allow no con- 
trol of attack or variation of the steady-state sound of a note is sur- 
prising to the author. 
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Potentially, a digital computer allows great flexibility and accuracy 
of rhythm and timbre. In fact, we believe that it will not be hard 
to make the computer speak continuant sounds. Also, the programer 
can provide means for transposing passages, for altering their loud- 
ness and timbre, and for adding various determined or rando’a effects 
as well as various sorts of attack and decay of individual notes. The 
work which L. A. Hiller, Jr.. and L. M. Isaacson describe in their 
book Experimental Music shows that a computer can even provide 
harmony and counterpoint. 

Thus, there is a considerable temptation to write programs which 
will provide very complex resources. It seems to the writer and his 
colleagues more pertinent to try to find through thought and experi- 
ment what simple means will provide a satisfactorily wide variety 
of useful effects, and then to try to make the programing of these 
effects quick and easy and the use of the computer efficient. An 
overwhelming wealth of resources or inefficient programing could 
prove costly and embarrassing. 

The use of a computer in generating musical sounds has two strik- 
ing disadvantages. An hour’s running produces only about two 
minutes of rather primitive if unusual music, and an hour of 704 time 
costs several hundred dollars. We may expect, however, that as 
computers become faster the cost per minute of music will go down. 
The second difficulty is that one must wait for some time before 
hearing the result of his efforts. Attaining the right effect becomes 
a matter of slow and expensive successive approximations. 


SOME OBSERVATIONS ON THE USE OF A 
SINGLE STEREO MICROPHONE 
Paut W. Kurrescu 
Klipsch and Associates, Inc., Hope, Arkansas 


THE single stereo microphone consists actually of two directional 
microphone elements in a single structure, the stereo effect arising 
from the directional characteristics, one directional pattern covering 
the center and left flank and the other the center and right flank. 

An obvious advantage is the convenience. Another is that by over- 
lapping the directional patterns one has the focusing effect of a center 
microphone and all the advantages of such a center microphone for 
soloists and central stage area events. It amounts, thus, to having 
three microphones working. 

On the debit side, the separation is solely by amplitude, whereas 
the normal delay or precedence effects are lacking. Whereas stereo 
was being exaggerated at first, the single microphone technique con- 
stitutes a pendular swing in the opposite direction. 

In recording a solo instrument, another effect was noted. Both 
microphone elements are in the same standing wave mode. Observing 
aurally, a peak was noted and the volume indicators signaled a null. 
With two separated microphones there would be little probability of 
simultaneous nulls or peaks. Watching the volume indicators sug- 
gested the signal was monophonic, whereas two separated micro- 
phones will influence their volume indicators to behave quite dis- 
similarly. 

The listening results for solo recordings were quite pleasing, but 
as a performer moved, or more than one musician played, or a whole 
battery of drums were used, the spatial results were less satisfying. 
No formal stereo geometry test could be conducted at the particular 
recording session, but the observations led to the opinion that the 
geometry would be both condensed and reduced in acuity compared 
with such tests as performed by Steinberg and Snow! and by this 
writer.? 

A considered opinion is that such a microphone would find its 
highest utility as the center microphone in a three-microphone array, 
but that for the complete stereo effect to stand the geometry test, 
flanking microphones must be used to include delay as well as am 
plitude effects. 

1 Steinberg and Snow, Elec. Eng. 53, 9-32, 214-219 (1934). 

2 Paul W. Klipsch, IRE Trans. on Audio AU-7, No. 4 (1959). 


WHAT DOES IT TAKE TO BECOME AN 
AUDIO ENGINEER? 
Dovctas J. Barney 

Unit Band 197, Box 31, Navy 115, FPO New York, New York 
I AM a musician in the U. S. Navy, now stationed in Cuba. I have 
always had a great interest in the mixing, recording, and reproduction 
of musical sounds. I have tried to find out through books what an 
audio engineer does and what training he must have. I have not 
been able to find out very much. When I saw your advertisement 
for your Convention I decided to write to you for some help. 

I would like you to send me the following information: the work 
that an audio engineer is expected to do, what training he must have, 
and where and how it is obtained. If you cannot send me this in- 
formation, would you please send me the address of someone who 
could give me this information. 

I think that with a background in music and a deep interest in this 
sort of work, that I could become a fairly good audio engineer. | 
have three years left in the Navy and during this time I will have a 
lot of time to study. 

I wish to thank you in advance for what information you can give 
me. I have not been able to find out anything of real value, and 
you are about my last resort. 


REPLY TO “WHAT DOES IT TAKE TO BECOME AN 
AUDIO ENGINEER?” 
C. J. LeBer 
Audio Engineering Society, Secretary 

IN GENERAL, an audio engineer designs audio equipment and audio 
systems and sometimes supervises the maintenance of very complex 
audio systems such as broadcast studio systems, sound recording 
studio systems, and measuring systems working in the audio fre- 
quency range such as data analyses systems for missile work and 
aircraft research. 

The man who works in the actual mixing and recording of sounds 
is an audio technician of very high quality and not truly an engineer. 
There is something of the creative and artistic in his work, but, in 
general, the actual operation of the equipment is a technician’s work 
and not an engineer’s work. 

If you want to use a background in music, it is very likely best 
used in mixing in the recording field, and this would be a technician's 
work. You will have to decide which of these branches of audio 
you are interested in. 

Now as to studying for it. Some audio technicians know very little 
about electronics, but we believe that most audio technicians do know 
the fundamentals of electronics, typically, through studying at some 
electronic school of “institute” level; for example, at RCA Institutes 
here in New York or Capitol Radio Engineering Institute in Wash- 
ington, and there are probably others of this same quality. Not all 
institute schools are of the same quality level necessarily. Either by 
correspondence, or preferably by attending the school, the technicians 
have studied the fundamentals of electronics. Then knowing the 
fundamentals they work into the field by locating with a small re- 
cording studio and doing any kind of work to get their training. 
Then they might go with a larger and better paying studio and per- 
haps land with one of the large recording companies or one of the 
large broadcast stations. Some might get their training at smaller 
broadcast stations. So, you see, the technician is chiefly trained by 
experience, it is really like apprenticeship in the field. 

The audio engineer is another story. He is generally a graduate 
electrical engineer with extra study in the electronics field. In many 
colleges it would be the Electrical Engineering Course, Communica- 
tions Option. Here you would have the fundamentals of the field, 
but in a very undigested state. Then you would have to work for 
an organization in the field you are interested in and gradually get 
some experience. In general, in such a career, the knowledge of music 
is relatively unknown. While many audio engineers do appreciate 
music or are musicians, this is generally as a side interest and not 
because it is essential to their jobs. 
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I suggest that when you come ashore you try to arrange to visit a 
few recording studios and talk to some of the technicians there about 
their work. This should be fairly easy to do. We have no suggestion 
on how to contact audio engineers. These might be in various manu- 
facturing companies in a given area, most of which are concentrated 
in the New York area. Some are along the Eastern Seaboard and 
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RECORDING SUPERVISOR CONFERENCE 


The North West German Music Academy in Detmold intends once 
again to hold a Recording Supervisor Conference from October 18 to 
21, 1960. Individuals who are interested in problems of electro- 
acoustic recording and reproduction from both the artistic and the 
technical point of view are cordially invited. 

As in previous conferences in 1949, 1951, 1954, and 1957 the sub- 
jects to be discussed will be grouped around two main themes. The 
first group will contain subjects taken from the fields of art and 
music sciences, musical interpretation, physiological acoustics, and 
psychoacoustics. In the second group, lectures will be given on 
physical and technological aspects of microphones, loudspeakers, re- 
cording, level indication and control, studio techniques, architectural 
acoustics, etc. Papers on these themes and especially any on the 
interrelationship between musical and technological spheres are wel- 
come. 

Again the focus of the technical discussions will be stereophony. 
This topic promises to be interesting since the problem of stereo- 
phonic disk recording has been solved technically and the exchange 
of information concerning recent activity should be most valuable. 

In addition to the reports, special interest is attached to demon- 
strations of recordings of all kinds, including electronic methods of 
sound transformation such as the stylizing of sounds and noises for 
musical and sound effects underlying radio plays, movies, or stage 
performances. 

All individuals interested in submitting papers are requested to 
inform Professor Dr. E. Thienhaus, Nordwestdeutsche Musik- 
Akademie, Detmold, Germany, as soon as possible regarding the sub- 
ject and length of the paper. The final date for submission of papers 
is June 1960. Participants should register with the secretary of 
Nordwestdeutsche Musik-Akademie, Detmold, Germany. 


SECTION NEWS REPORT 


Section, Date and Place Program 


“Ultrasonic Cleaning Technique,” by Bruce 
MacGregor, Acoustica Research. 

Objective Perfection (Process-and Prob- 
lems of Tape Manufacture), a film shown 
by Sid Weiss, Orr Industries. 

Meeting was well attended with 50 mem- 
bers present. Western Vice President Wal- 
ter Selsted spoke to the group and reported 
on the New York convention. He also re- 
quested volunteers for the Western AES 
convention in the spring. 


Los Angeles, California 
October 27, Rodger 
Young Auditorium 


Pittsburgh, Pennsylvania “Push-Button Broadcasting with Magnetic 
November 11, Radio Tape Cartridges (The Collins Method),” 
Station KQV by Fred Zellner and Arthur Sterman, both 
from Radio Station KQV. Demonstration 
and discussion of a unique tape-cartridge 
- system designed to eliminate dead air time 

and facilitate spot-handling. 
Section’s interest was very great in this 


some on the West Coast in either the San Francisco or Los Angeles 
areas. 

We think your problem is to make up your mind which you want 
to do, the work of a technician or the work of an audio engineer. 
Of course, there are also technicians working for engineers in design 
laboratories, etc. Many of these have a great deal of experience and 
perhaps have two or three years of college. 


News 


visit to a highly automated radio station. 
24 members were present. At the business 
meeting a membership drive was discussed. 


Los Angeles, California “Split 16mm Magnetic Sound Recorder 
November 24, Rodger Attachment,” by D. J. White, Magna 
Young Auditorium Synch Manufacturing Co. 

“Eighty Years of Telephone Sound,” by 
Stan Gayle, Pacific Telephone and Tele- 
graph. 

Business meeting was held at which offi- 
cers for the 1960 L. A. Section were intro- 
duced and nominated. The following 
nominees were elected by acclamation: 
Chairman, Pell Kruttschnitt; Vice Chair- 
man, Kenn Miura; Secretary, Robert 
Houtz; Treasurer, Alex McKee. Harry 
Bryant reported on the forthcoming 7th 
Western AES Convention to be held March 
8-11 at the Alexandria Hotel. Frank Pon- 
tius announced that space was available for 
technical exhibits at the Convention, those 
interested were asked to contact commit- 
tee members. 


Pittsburgh, Pennsylvania “Some Motivations of High Fidelity En- 
December 9, Joseph thusiasts,”’ by Robert Vosburg, M.D., 
Horne Music Center Western Psychiatric Institute. This talk 
was reported to have been “fascinating,” 
and of great interest to the members. Sec- 
retary Emerson Boardman states, “There 
should be at least one psychiatrist or psy- 
chologist in every Section’s locale who 
could speak on high fidelity as a hobby 
from the psychological standpoint.” 
At the business meeting, the membership 
drive was spurred on. 24 members were in 
attendance. 


New York, New York “Further Observations of the Perception of 
December 15, Auditorium, the Stereophonic Effect as a Function of 
General Electric Building Frequency,” by W. H. Beaubien and H. B. 
Moore, Advanced Radio Laboratory, Gen- 

eral Electric Company, Utica, New York. 

This technical meeting was a great suc- 

cess with more than 75 members attend- 

ing. Messrs. Beaubien and Moore's discus- 

sion covered a literature study which failed 

to find tests showing loss of stereophonic 

d:recticn fer any part of the spectrum and 

pointed to arrival time difference of tran- 

sients as the significant factor in stereo- 

phonic perception. Test sampling of pro- 

gram material with a stereo spectrum se- 

lector showed the extreme lower frequen- 

cies to have equal or superior directional 

content to the highs. Test results suggest 

adoption of full frequency stereo systems 
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for the future. A spirited discussion fol- 
lowed the lecture. 


Indiana Technical College 
December 16, On Campus 


There was no meeting held in November. 
Therefore elections were held and the fol- 
lowing were elected officers: Chairman, 
John F. Scott; Vice Chairman, J. Michael 
Rockwell; Treasurer, Stephen S. Sanford; 
Secretary, David LeC. Babcock (re- 
elected). A report was made on the field 
trip to Electro-Voice, Buchanan, Michigan. 
Nine members attended the meeting. 


Pittsburgh, Pennsylvania 
January 13, Joseph 
Horne Music Center 


Two Bell Telephone Labs science films 
were shown. (1) Music In Motion: char- 
acteristics of sound described; Francescatti 
and the Bell Telephone Orchestra supplied 
music for demonstration. Germanium and 
transistors discussed. (2) Sounds Familiar: 
voice reproduction through telephone and 
phonograph. Secretary reports these to be 
basic films, providing information to stu- 
dent and associate members whose back- 
grounds lack formal training in acoustics. 

The membcrship drive was discussed at 
the business meeting. The chairman an- 
nounced that a joint meeting with the 
Pittsburgh IRE Section is being arranged. 


Indiana Technical College 
January 13, On Campus 


This was a business meeting at which plans 
were made for a banquet to be held on 
April 23. Three field trips were announced: 
The RCA Receiving Tube plant, Indian- 
apolis, January 25; RCA plant at Findley, 
Ohio, March 14; International Radio and 
Electronics Corp., Elkhart, the first week 
in May. 


New York, New York 
January 19, Studio 22, 
Columbia Broadcasting 
Studio 


“Theories of Stereophonic Sound,” by 
Benjamin B. Bauer, vice president, CBS 
Laboratories, Stamford, Connecticut. Over 
150 members attended this lecture and the 
studio was filled to capacity. 

Mr. Bauer gave an integrated view of 
the stereo field. He reviewed stereophonic 
vs binaural sound; discussed directional 
perception and virtual images; compared 
delay stereophony and intensity stereo- 
phony; and finally he discussed actual re- 
production and speaker placement. 


SOCIETY SOUND TRACK 


John Beaumont, from Vanguard Records to general manager, 
United Stereo Tapes, division of Ampex Audio, Inc. 

Frank Comerci to Audio Devices, Inc., as senior project engineer. 

Sheldon F. Wilpon (JAES associate editor) replaces Frank Comerci 
as section head in the communications and acoustics laboratory at 
New York Naval Shipyard. 

Dr. Harvey Fletcher appointed consultant to Shure Brothers, Inc. 

William H. Miltenburg from chief engineer of recording studios for 
RCA-Victor to Ampex Audio, Inc. as manager of operations for 
United Stereo Tapes. 

Rein Narma from Fairchild Recording Equipment to Audio Pro- 
ducts Division, Ampex Professional Products Company. 


ERRATUM 
AES Members Contribute to SMPTE Lectures on Magnetic 
Recording 
[J. Audio Eng. Soc. 8, 71 (1960)] 


AES NEWS 


The following name should be added to the list of lecturers, making 
a total of seven AES members of the eight contributing to.the lecture 
series: 
L.. W. Ferber, AES member: Ferromagnetism, Magnetic Theory, 
Units, Characteristics. 


MEMBERSHIP INFORMATION 
(November, December 1959, January 1960) 


New Members 
Honorary Members 


Bernstein, Leonard—New York, New York 
Biggs, E. Power—Cambridge, Massachusetts 
Langford-Smith, F —Chelmsford, Essex, England 


Members 


Arnow, B. B.—-Flushing, New York 

Biondo, G. A—Rome, Italy 

Brainard, V—New York, New York 
Comerci, F.—Glen Brook, Connecticut 

Dietz, G. T—Bayside,-New York 

Finnegan, B. J.*—Los Angeles, California 
Freitag, W. H—New York, New York 
Gunter, Jr., L_—Mt. Prospect, Illinois 

Hafler, D.—Philadelphia, Pennsylvania 
Hammell, R. A—West Collingswood, Oaklyn, New Jersey 
Jordan, B. C—North Hollywood, California 
Kaitchuck, H. O.—Chicago, Illinois 

Laughlin, G. T—New York, New York 
Lawless, J. H.—Norfolk, Virginia 
Luetzkendorf, G.—Berlin-Lankwitz, Germany 
Lynn, R. A.—Teaneck, New Jersey 

May, R. L.—Chicago, Illinois 

O’Brien, F. B—Hollywood, California 

Sobel, I. J —Hartsdale, New York 

Strome, R. A—New York, New York 
Toogood, L. S—Chicago, Illinois 

Valentin, L. P—North Hollywood, California 
Vogel, R—New York, New York 

Wilson, A. G—Red Bank, New Jersey 
Zdobinski, E.—Pittsburgh, Pennsylvania 


Associate Members 


Abramson, A.—Van Nuys, California 

Bell, J. A—Philadelphia, Pennsylvania 
Benassai, B. D—Redwood City, California 
Booth, Jr., A. M.—Pittsburgh, Pennsylvania 
Brown, S. B.—Montebello, California 
Bruno, C. J—New Rochelle, New York 
Cameron, W. R.—Verona, Pennsylvania 
Cox, P. G—Des Moines, Iowa 

DiVittorio, V—New Rochelle, New York 
Douglass, W.—Rochester, New York 
Friedman, A. L.—Cleveland, Ohio 

Gangel, A. J.—Atlantic Beach, New York 
Griffin, C. A——Montreal, Quebec, Canada 
Handa, K. L.—Bombay, India 

Hart, R. M—Dorval, Quebec, Canada 
Kacsandy, F —Woodruff, South Carolina 
Lewis, Jr., R——Los Altos, California 
Lombard, R. A—New York, New York 
Minturn, A. D.—Los Angeles, California 
Peterhans, M.-—Palo Alto, California 


* Mr. Finnegan was erroneously listed in the January journal as 
an associate member. 
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Podolny, J. H.—Pittsburgh, Pennsylvania 
Presbrey, Jr., C. H—Washington, D. C. 
Salsberg, A. P.—Brooklyn, New York 
Sampson, S. O.—New York, New York 
Schultz, L. N.—Sydney, Australia 

Shimp, G. H.—West Orange, New Jersey 
Shipley, C. L.—Winnetka, Illinois 
Thorne, N.—Scottsdale, Arizona 

Westra, C—Chicago, Illinois 


Students 


Baker, J. G—Nashville, Tennessee 
Beardsley, C. W.—East Orange, New Jersey 
Bozarth, W. F.—Cleveland, Ohio 

Brown, Jr., E. L—Fort Wayne, Indiana 
Buchholtz, M.—Ellenville, New York 
Cue, F. C-——East Greenbush, New York 
Dickens, S. S—Potsdam, New York 
Dreiband, L. T—Fort Wayne, Indiana 
Fleck, L. L_—Fort Wayne, Indiana 
Hancock, D. S——Potsdam, New York 
Handler, W.—Potsdam, New York 
Marrs, Jr.. E. L—Ames, Iowa 

Maxson, J. D.—Dallas, Texas 
McBurney, D. J —Fort Wayne, Indiana 
Metzer, R. A——Poughkeepsie, New York 
Moore, J. F—Payne, Ohio 


Moore, R. L.—Jamaica, New York 
Murphy, P. R.—Walton, New York 
Newman, G. E.—East Islip, New York 
Ohliger, R. G-——Lynbrook, New York 
Omlor, R. G.—Coraopolis, Pennsylvania 
Pinsley, B—Potsdam, New York 

Pyle, Jr., R. W.—Cambridge, Massachusetts 
Van Tassell, R. D.—Oakland, California 
Wassel, E.—Potsdam, New York 

Welsh, A. L.—Fort Wayne, Indiana 


Student to Member 


Bednar, E. D.—Bellaire, Texas 

Fajen, L. A—Scottsdale, Arizona 

King, J.—Philadelphia, Pennsylvania 
Kepner, Jr., E. C-—York, Pennsylvania 
Martin, J. A—Palo Alto, California 
Moore, R. L.—Jamaica, New York 
Russell, R. H.—Scarsdale, New York 


Student to Associate Member 


Fooks, W. H.—Indianapolis, Indiana 
Hernstadt, W. H.—Greenwich, Connecticut 
Love, Jr., H. H.—Pasadena, California 
Puluse, D. A——-Hawthorne, New Jersey 
Robinson, B. A.—Kingston, Ontario, Canada 
Rothstein, H. I1—Brooklyn, New York 


Current Publications on Audio 


Book Review 


From Microphone to Ear 


G. Stor. Philips, Netherlands and The Macmillan Company, New 
York (1959); 2nd edition, 253 pages, 110 illustrations, 31 photo- 
graphs; translated into English by A. Harker. Price: $4.50 
This is certainly an ambitious book from the coverage viewpoint. 

It covers everything from the program source, through making rec- 

ords, the functioning of various parts of a phonograph, to reproduc- 

ing the sound in listening rooms of different sizes. It was originally 
published in Holland in 1956 and now the second edition, to incorpo- 
rate stereo, has been published in the United States as well. 

The reviewer's first reaction was that the book’s information is 
inconsistently dated. It has the latest information in many areas; 
then one finds, for example, reference to vinylite pressings as a new 
kind of record, contrasted with the established shellacs. The fact is, 
that from the European viewpoint, it is both accurate and up-to-date. 
Industry and consumer transition is essentially slower there—and 
probably the final results are more thorough. 

Of particular interest is the information on recommended speaker 
placement for stereo, which has been carefully worked out as a 
science. But a word of caution: in this book, stereo uses the MS 
technique exclusively. So the recommendations do not necessarily 
apply to recordings made in the variety of “American” ways. 

The text is written in the best of “technical-made-easy” style. It 
has to be concise, because of the comprehensive coverage in its 250 
pages. But it should fill in a lot of gaps for the many people who 
have learned audio by picking up scraps of technical information 
here and there. 

The reviewer was a little disappointed in some of the photographs. 
They seem to have been picked from the Philips’ photo library as 
being relevant to the subject—which they all are. But in several in- 
stances the reader is not acquainted with the connection. No ex- 
planation is available either in the caption or the text. The same is 


true of some of the diagrams. 

This is only saying the book could have been improved in places— 
it isn’t perfect. But there are too few good, informative books of 
this kind. This author has made a useful contribution to the litera- 
ture. 

Norman H. Crownurst 
Consultant 


Translated Abstracts from Foreign Journals 


GROUPEMENT DES ACOUSTICIENS DE LANGUE 
FRANCAISE 


The French Acoustical Society, known as the Groupement des 
Acousticiens de Langue Francaise (G.A‘L.F.), celebrated its 10th 
anniversary on June 3, 1958. 

In the Cahier d’acoustique, No. 95, the organ of the G.A.L.F., a 
report on 10 years of work is given by M. Pierre Chavasse, general 
secretary of the Groupement. 

The constituting assembly of the Groupement met on May 20, 1948. 
The Annales des telecommunication offered their publication facilities 
to the G.A.L.F. for issuing the Cahier d’acoustique. Since then, some 
90 issues have been published. The G.A.L.F. also has a close ex- 
change of publications with the international journal, Acustica, and 
some of the G.A.L.F. members have papers published in this journal. 

It has been decided that not only French acousticians but also all 
who have command of the French language can become members of 
the G.A.L.F. The Groupement has some members in this country, 
and anyone who is interested in joining may write the Secretariat. 
Batterie de la Pointe, Palaiseau (Seine-et-Oise), France. 

Below are two summaries of articles appearing in 1959 issues of 
Cahiers d’acoustique. 
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Measuring the Acoustical Characteristics of a Soundproof Room 


{Bedri Karafakioglu, Cahier acoust. 97, 129 (1959) ] 


Aiter pointing out the acoustical characteristics necessary for a 
good anechoic chamber, this paper describes the design of an anechoic 
room for the Technical University of Istanbul. The results of the 
measurements are reported which show that the desired acoustical 
field distribution has been achieved. A tone burst method for meas- 
uring reverberation time of extremely short duration is also described. 


The Use of the Sonograph in Determining the Quality of 
String Instruments 


[Emile Leipp and Abraham A. Moles, Cahier acoust. 98, 135 (1959) ] 


The characterization and appreciation of musical instruments de- 
pends on establishing a correlation between the subjective aspects of 
the sound perceived by the ear and the objective elements of the 
sound phenomenon produced by the instrument. The sonograph, 
which allows an immediate representation of the form of the “sound 
object” provided by the instrument, supplies this correlation between 
physical measurement and the perceived phenomenon better than any 
of the classic, electroacoustical systems of recording, on condition that 
a certain number of rules of normalization are observed in the ex- 
periments. Here, results are obtained concerning (a) the instrumen- 
tal technique, (6) the construction of the instruments, and (c) the 
comparative appreciation of existing instruments and of the evolu- 
tion of a general method of investigation. 


HettmvutH Etzorp, Consultant 


Unique 


TAPE 
STROBE 


EXCLUSIVE NEW STROBE 
DEVICE FOR CHECKING 
TAPE SPEEDS OF PLAYERS 
AND TAPE RECORDERS 


Immediately indicates off speeds as well as tape slippage. 
Checks drag brake efficiency. 

Adjustable to varying tape heights. 

Can be applied directly to moving tape. 

Finest parts and construction used throughout. 

Diameter accuracy .0002” 

Calibrated for tape speeds of 7%, 15 and 30 ips; 3%, 7% 
and 15 ips; for either 50 cycles per sec. or 60 cycles per 
sec. light source. 


Comes complete in handsome grey and red instrument case 
for only $22.50 complete. Send check to: 


Scott Instrument Labs., Dept. 804 


17 EAST 48th STREET, NEW YORK 17, N. Y. 


Once you've tried the Tape Strobe, you'll never do without it. 


FAIRCHILD 


RECORDING EQUIPMENT DESIGNED 
FOR PROFESSIONAL USE . . . 


Over two decades of research and 
development by FAIRCHILD has 
consistently produced advanced 
professional products for the re- 
cording and broadcast industry, 
including: 


e The First Synchronous studio disk recorder. 


First electronic-picture recording — the 1940 
FAIRCHILD facsimile recorder. 


FAIRCHILD Pic-Sync tape recording. 
e Industry-introduction of the hot stylus technique. 


e First commercial Stereo Playback cartridge— 
1957 Model 603. 

e AND NOW, FAIRCHILD introduces a line of in- 
tegrated STEREO recording equipment featur- 
ing 

The 670 LIMITER: unique design allows indepen- 

dent control of vertical and lateral amplitudes, 

with a minimum loss of separation, allowing high 
degree of limiting with no audible “thumps”. 

The 605 STEREO DISK PLAYBACK EQUALIZER- 

AMPLIFIER. Can be used for mono or stereo, will 

accommodate cartridges from 18 to 50,000 ohms, 

with individual response controls to compensate 
for various cartridges. 

The 641 STEREO DISK RECORDING SYSTEM— 

featuring a unique, stable feedback control sys- 

tem, a modern amplifier and a rugged cutter com- 
bined to produce audibly superior stereo disks 
and outstanding monophonic disks. 

The 602 STEREQ CONAC—unique device con- 

trolling groove accelerations for higher level 

recordings. 

Complete technical information on FAIRCHILD 

professional products available. WRITE: 


FAIRCHILD 
RECORDING EQUIPMENT CORP. 


Professional Products Division 


oi 10-40 45th Avenue 
Long Island City 1, New York 


— | | 
: a | | 
a rf : 
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offer the recording industry a unique standard of accuracy and fidelity—in shaping equalization curves—in boosting or attenuating 
end-range frequencies without muddying-up the mid-range—in eliminating distortion caused by inferior equipment 
and ee eee. PULTEC instruments areavailable at 


HARRY EY 


PROGRAM EQUALIZER, 
Model EQP-1S 


Widest range of equalization curves. Self-powered, with 
choice of input and load impedances. Clickless controls. 
Separate boost-attenuate controls permit boosting high 
frequency while attenuating on a 10KC shelf curve. $475.00 


PROGRAM EQUALIZER, Model EQH-2 


Passive network feeds through amplifier to restore loss. 
Permits boosting or attenuating extreme end-frequencies 
with complete clarity in the mid-range. Continuously 
variable controls vary equalization curve even on 
sustained tones without noise or distortion. $305.00 


PROGRAM and SOUND EFFECTS FILTER, 
Model HLF-3C 


Extreme sharp cut-off makes it possible to eliminate hiss, 
rumble and hum with minimum effect on desired 
frequencies. ideal for the creation of special effects: 
telephone, “outer space” and so forth. Key switch permits 
accurate cue-ing. $268.00 


MICROPHONE and BOOSTER AMPLIFIER, 
Model MB-1 


Most versatile instrument of its kind. Provides gain from 

28 to 48 db. Noise level 120 dbm down. Ideal as a mike 
amplifier, for restoring mixer losses, and so forth. Self- 
powered, with choice of input and load impedances. $178.00 


“MAVEC” MICROPHONE AMPLIFIER 
and VARIABLE EQUALIZER 


Equalizes individual mike channel. Corrects for all 
program deficiencies. 30 to 40 db overall gain. Specially 
effective in controlling vocal sibilance. Choice of 
input and load impedances. $395.00 


0, cond as Say enaquatined tape senenting, and we wilt duplicate it through PULTEC equipment. | e 


HA RW EY sxapv co.,1nc. 


103 West 43 Street, New York 36, N.Y. / 1Block from Times Square / JUdson 2-6380 
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D 24 B Dynamic Mike 


MEarwitness” recording begins 
at the mike — and for the finest 
in tapes, or any other audio 
need, AKG's D 24 B is a must. 
Cardioid pattern with about 22 
dB discrimination suppresses 
background noise effectively; 


mV/,zbar. Mount it properly on 
the AKG ST 200 stand—port- 
able yet truly stable, with com- 
plete isolation through multiple 
tubber damping. Folds com- 
pactly, extends 3’6” to 6'3”; 
7 pounds. Both are from Vienna. 


NAGRA IIIB Tape Recorder 


For “Earwitness” tapes, this is the 
world’s most-wanted portable tape 
recorder. Swiss-made, with even 
more than the expected precision 
—carefully miniaturized and rug- 
gedized to assure studio quality far 
from the power lines. 3%, 7¥2 and 
15 ips, with wow and flutter well 
below NAB limits. 30 to 15,000 
cycles +2 dB at the two higher 
speeds. Hear its quality for your- 
self on Emory Cook’s new #1134, 
Solo Guitar, recorded in Brasil by 
Luiz Bonfa. Nagra I1!B’s are built 
one-at-a-time—order now and put 
yourself in line for the very best. 


AKG Model K 50 Headphones 


Give your listening hours a lift 
with these featherlight head- 
phones, with the “Earwitness” 
fidelity and listening ease. Their 
distortion is vanishingly low 
from 30 to 20,000 cycles, three- 
ounce weight a joy during ex- 
tended monitoring. Adaptable 
to both mono and stereo, require 
less than one milliwatt input. 
Watchmaker precision, rugged- 
ness, and easy disassembly. 
Plug-in transformer for 8002 
and 50002 matching. Another 
product from Vienna, where they 
know the true Sound of Music. 


EMT 140 Reverberation Unit 


Natural echoes made-to-order, to 
simulate any size of room you wish. 
Reverberation time continuously 
and precisely variable from 0.7 to 
5.0 seconds, with a frequency range 
of 30 to 12,000 cycles. insensitive 
to acoustical interference, and 
completely free of coloration. EMT 
140 replaces large echo chambers 
in a volume of only 9442” x 13” x 
51”, and requires no modification 
of your present console. Dynamic 
exciter, piezoelectric pickup, par- 
allel sliding damping plate. In use 
by leading broadcast stations and 
networks throughout the world. 


Electronic Applications, Inc., are importers and factory-service agents for Western Europe's leading makers of communications and 
electrical- and electronic-test equipment: AKG of Vienna—EMT of Lahr, West Germany—Schomandl of Munich—and Nagra-Kudelski 
of Lausanne, Switzerland. 


Electronic Applications, Inc., 194 Richmond Hill Avenue, Stamford, Connecticut, DAvis 5-1574 
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| In / 
FOR ® Audio Telemetered Signals ® Underwater Detection 
oO ® Exospheric Noises ® Speech Correction 
ANALYSIS ® Whistlers ® Heart Sounds 
: OF ® Mechanical Vibratory Noises © Language Monitoring 
: ® Insect Sounds ® Cryptography 


mA SOn0-Graph «0 | mem Vibralyzer 200 


} 
se An audio spectrograph in the 85-8000 cps range: useful in phonetic An audio and sub-audio spectrograph in the 5-4400 cps range: } 
% studies, speech correction, speech education of the deaf, and ideal for analysis of transient signals as well as steady state « 
_ study of noise, shock and impulse waves. Makes three perma- measurements of vibration and noise from aircraft, ships, recipro- 

nent visual records. cating and rotating machinery, and in the fields of acoustics, 


ordnance, ballistics, seismology, and biophysics. Makes three 
permanent visual records. 
SPECIFICATIONS $ 
Frequency Range: &5-8000 cps. ae ron om ag A in 3 bands - 2 , 
anolydt ” id or? i requency Calibration: arkers at 30 cps or 240 cps imtervals 
eo Pater Bandwidths: 45 and 300 — F ; may be recorded on analysis paper. 
Recording Time: Any selected 2.4 sec. interval of any audio Record-Reproduce Amplifier Characteristics: Frequency response 
signal within frequency range. switchable to provide flat (or for transducer usage) 44 or 60 
Record-Reproduce Amplifier Characteristics: Flat or 15 db high- db falling characteristic. y 
frequency pre-emphasis for voice studies. Pickup a ¥ ibration og pone | microphones or other properly 
; s Altec-Laneine 633) a matched devices may be used. 
Microphone: Altec-Lansing 633A dynamic. Gisut Gautatiemes: fiek, 1.3 meauhus. 
Input Impedance: 3 ohms. Input Signal Sensitivity: Approx. 3 my rms for full scale operation. 


THREE PERMANENT VISUAL RECORDS 
DISPLAY NO. 1 DISPLAY NO 2 


SPECIFICATIONS 


Display #2—(Section) Intensity vs DISPLAY NO. 3 


Frequency at any 6 times in recorded 


2 
2.4 second interval. Makes up to 6 bas | 23. — a Display #3 (with Am- 
separate sections on one sheet or . plitude Display Unit) 


Display #1 (Seno- 
gram) Frequency vs 
Amplitude vs Time 
characteristics: lin- 
ear with respect to 
frequency and time. 


300 on 50 sheets of any recorded Average Amplitude vs 
sample. Plot linear with respect to Time; Amplitude scale 
frequency and intensity (db). In- logarithmic ever 24 db 
tensity range 35 db. Min. separation and 34 db ranges. 
between sections, 8 millisecond us- 
Intensity ing sectioner micrometer plate. 


way Somalyzer 


(Model 30) 
$1,995.00* 


A #-channel spectrum analyzer for anti-missile, satellite. and 
telemetering studies. Relates Frequency vs Intensity vs Time 
n a graphic display of the frequency components of complex 
waveiorms. Standard unit, 100-8000 cps; on special order to 20 to one-third the original rate with no loss of intelligibility. Ex 
ke and higher. pander: for phonetics, spoken languages and speech tempo. Com- 
SPECIFICATIONS pressor: for speed-up of data read-out; to cut monitoring time, 
Frequency Range: Standard unit 100-8000 cps in two bands: other tape storage, speech records. 


Frequency 


Frequency 


Frequency 


AaAw@ 


! aay Vari-Vow" 


$1,495.00* 


A speech-time expander and compressor. Transmits fed informa 
tion at 18 different speeds between twice the original rate down 


CAY pics Cem ee ee a AV eee eee KAY 


ranges, in 4-ke bands to 20,000 cps and higher on request. 
Filter Channels: 
Number: 29 a ctiv ve, 1 reference. 
Bandwidth: 135 cps each (special filter bandwidths upon 
request). 
Center Frequencies: 135 cps intervals throughout frequency range 
from 135 to 3915 cps per band. 
Audio Amplifier Characteristics Frequency Response: Flat, or 
with high frequency emphasis to 4-ke. 
am Display Unit: An accessory for use with the Sonalyzer 
to provide a 3 dimensional frequency vs intensity vs time— 
—e on oe persistence oscilloscope. 
1%” x 10%” x 2014”. 


SPECIFICATIONS 

Frequency Response: 5(X)-8000 cps +2.0 db (max). 

Input Impedance: 600 ohms. 

Input Signal Recommended: 0.2 V rms. ’ 

Sensitivity: 0.10 V rms for full-scale operation. 

Output Impedance: 600 ohms. 

Output Signal: 0.20 V rms. : 7 

Information Rate: Compression up to 2 times normal rate in 
9 steps. Expansion down to one-third normal rate in 9 steps. 

Recording Indicator: Standard V. U. Meter. 

Power Supply: Self-contained. ; e 

Power Requirements: 100 watts, 117 V (+10), 50-60 cps ac. 
B+ electronically regulated. 


Aw™~ 


Weight: 36 Ibs. Dimensions: 10'4” x 19” x 9”, rack panel. Weight: 45 Ibs. 
Write for New Kay Catalog All prices f.o.b. factory 
CApitol 6-4000 KAY ELECTRIC COMPANY & Resintered Trade-mark— 
Dept. AES-4, Maple Avenue, Pine Brook, N. J. Kay Electric Company 
RV RRM APRG OK ORLA ALA NOE CAN CATERER A EER 8 BEE RAN 
: 
‘ iv Journal of the Audio Engineering Society, April, 1960 
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STANDARD OF EXCELLENCE... 
By Design 


AMPEX 300 SERIES Magnetic Tape Recorders—designed for master recording— 
completely dominate the professional recording industry throughout the world. By 
producing the finest monophonic and stereophonic masters, the Ampex 300 has 
earned the recognition of “standard of excellence” from this critical, exacting industry. 


In addition—the Ampex Duplicators—the only 


ARIZONA 


PHOENIX 
Audio Specialists 
333 East Camelback Road 


CALIFORNIA 

FRESNO 

Tingey Company 

847 Divisadero Street 

LOS ANGELES 

Kierulff Sound Corporation 

820 West Olympic Boulevard (13) 

Magnetic Recorders Company 

7122 Melrose Avenue 

Ralke Comey, Inc. 

849 North Highland Avenue (38) 

NORTH HOLLYWOOD 

Concertmaster Sound 

11548 Addison Street 

PASADENA 

Audio Associate 

689 South Fair ‘Oaks Avenue 

SACRAMENTO 

Ed Wismer & Associates 

1715 “S”’ Street (14) 

SAN DIEGO 

Radio Parts, Inc. 

2060 India Street 

Meet necscers 
agnetic Recorders Company 

570 Market Street 


SAUGUS 
Syimar Electronics 
26000 Bouquet Canyon Road 


Offices and Representatives in Principal Cities Throughout the World 


COLORADO 

DENVER 

Davis Audio-Visual my | 
2023 East Colfax Avenue 


DISTRICT OF COLUMBIA 
WASHINGTON, D.C. 

Shrader Sound Incorporated 
2803 “‘M” Street, N.W. 


ILLINOIS 

CHICAGO 

Newark Electric 

223 West Madison | (6) 


INDIANA 

INDIANAPOLIS 

Radio Distributing Company 
1013 North Capital Avenue 


IOWA 

DES MOINES 

Mastertone Recording Company 
8101 University Avenue 


MARYLAND 
pep red 
h Fidelity House, | 
127 Roland Avenue (10) 


MMMONESOTA 


MINNEAPOLIS 
Lew Bonn Company 
1211 LaSalle Avenue (3) 


MISSOURI 

KANSAS CITY 
Burstein-Applebee Company 
1012 McGee Street (6) 
NEW MEXICO 

SANTA FE 

Sanders & Associates 

70 West Marcy Street 


NEW YORK 

NEW YORK CITY 

Harvey Radio Company, Inc. 
103 West 43rd Street (36) 
Lang Electronics Incorporated 
507" 5th Avenue (17) 


OHIO 

COLUMBUS 

Electronic Supply Corporation 
134 East Long Street (15) 
OKLAHOMA 

OKLAHOMA CITY 

Trice Wholesale Electronics 
800 North Hudson Street 
PENNSYLVANIA 
PHILADELPHIA 

Austin Electronics, inc. 

1421 Walnut Street 
PITTSBURGH 

Engineered Electronics, Inc. 
2046 West Liberty Avenue (26) 


AUDIO PRODUCTS DIVISION 
AMPEX PROFESSIONAL PRODUCTS COMPANY 


Journal of the Audio Engineering Society, April, 1960 


commercially available high speed duplicators—have become the standard 
of the industry for which they were designed. The stability of mechanica! 
operation of Ampex Duplicators (which incorporate the precision mechanism 
of the Ampex 300 running at speeds up to 120 in/per/sec) permit high speed 
duplication of recorded master tapes with utmost fidelity. 


For complete information: technical, application, specification—contact 
your nearest factory-trained Ampex Master Recording Dealer... 


TENNESSEE 

MEMPHIS 

W & W Distributing Company 
644 Madison Avenue 


TEXAS 
ARLINGTON 
Audio-Acoustic Equipment Company 


130 Fairview Drive 


EL PASO 
Sanders & Associates 


1225 E. Yandall Street 


SAN ANTONIO 


Modern Electronics Company 
2000 Broadway 


VIRGINIA 


RICHMOND 
Radio Supply Company, Inc. 
3302 Westbroad Street 


WASHINGTON 
SEATTLE 


Electricraft, inc. 

1408 Sixth Avenue 
SPOKANE 

20th Century Sales 

West 1021 First Avenue (18) 


AMPEX. 


REDWOOD CITY 
CALIFORNIA 
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LOOK, MA, NO HANDS! 


Yes, it is true, it is now possible to eliminate auto- 
matically the problems of tracing distortion, ampli- 
fier overload and all the many high frequency 
transient problems resulting from the use of pre- 
emphasis. 


In practice, the use of pre-emphasis in recording 
tape or disk, and in FM/broadcasting, can many 
times actually decrease signal-to-noise ratio or 
increase distortion because of the tremendous 
energies created in the high frequency spectrum 
resulting from the use of pre-emphasis. 


Modern studio practice permits the original record- 
ing of program material of tremendous high fre- 
quency energies which will eventually present 
problems in later stages of recording or trans- 
mission when pre-emphasis is applied. 


Now a revolutionary new automatic device has 
been developed by FAIRCHILD to eliminate this 
problem. 


CONAX by FAIRCHILD previews the program ma- 
terial with pre-emphasis, finds the troublesome 
high frequency transients, controls them and 
sends them on their way with the troublesome 


high irequency transients reduced—all automatic- 
ally. 


CONAX means no more reduction of high fre- 
quency on records or individual selection on LP 
in order to cope with pre-emphasis problems. No 
more nervous recording engineers standing by 
with filter and switch poised to restrict bells, cym- 
bals, trumpets and troublesome sibilants. No more 
qudlity degradation. CONAX automatically and 
inaudibly controls troublesome program material. 


CONAX control is adjustable. 
CONAX is a unity gain device. 
CONAX is self-powered. 


CONAX can be applied to disk recording, mag- 
netic recording techniques, original stu- 
dio recording, FM/TV sound and optical 
recording. 


CONAX is available in single or stereo channel 
models: 


MODEL 600—single channel .. 
MODEL 602—stereo 


Write for complete data to: 


ot FAIRCHILD 


Recording Equipment Corporation 
10-40 45th Avenue, Long Island City 1, N. Y. 


$300.00 
460.00 


What’s 


your 
residual? 


no. No, NO! We don’t mean that. We're 
talking about the residual IM (leakage) in your 
IM meter. If your meter is anything except an AI, 
the residual is probably 0.2 to 0.5%. But a high 
quality amplifier itself should have less than 
0.25% at normal listening levels. Are you meas- 
uring your amplifiers or are you measuring the 
imperfections of your meter? 

Here’s how you can tell: Connect the signal 
generator output of your meter directly to the 
input terminals of its analyzer section, then 
measure the IM. Don’t connect any amplifiers 
in at all. If you get a reading of over 0.05%, 
reach for your requisition pad and order an ai 
Mcdel 168 or 168D. 


ail intermodulation meters have six delicious features: 


compact—on 834” x 19” panel 

wide low frequency range—40 to 200 or 400 cps 

wide high frequency range—2000 to 20,000 cps 

low residual IM (leakage)—under 0.05% 

vtvm included—30, 100, 300 mv; 1, 3, 
100 volts, full scale 

low price 


10, 30, 


used by such leading equipment manufacturers as: 
Admiral, Ampro, Arvin, Blonder-Tongue, Boeing, 
Bogen, Fairchild, GE, Hazeltine, Langevin, Low- 
rey Organ, Marantz, N. V. Philips, Radio Crafts- 
men, RCA, Rock-Ola, Seeburg, Sonotone, Stan- 
cor, Stromberg Carlson, Warwick and leading 
recording organizations like RCA and Capitol. 


DO YOU KNOW ABOUT OUR NEW MODEL 168D? 


Write for new Catalog A-2 


ai audio instrument co., inc. 


135 West 14 Street, New York 11, New 


vi 
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SECOND ANNIVERSARY _ 


ONE MORE EXAMPLE OF INDUSTRIAL 
LEADERSHIP FROM THOMAS & SKINNER 


Since its introduction two years ago, the 
Thomas & Skinner dimple magnet has received 
wide acceptance by leading speaker manufac- 
turers. 

The improved design, which eliminates pole 
tips and retainers, not only results in better 
performance but actually nets the manufac- 
turer a cost savings in production and shipping. 


iS) Thomas s Skinner, Ine. 


T &S has a complete range of sizes of Alnico 
5Cb®* dimple magnets available to meet most 
loudspeaker and transceiver applications. 
Write for details on the complete range of 
sizes available or for engineering help on your 
special applications. 


*Alnico 5Cb is a trademark of Thomas & Skinner, Inc. 
on a patented anisotropic high-energy Alnico. 


SPECIALISTS IN MAGNETIC MATERIALS— 
Permanent Magnets 
Laminations & Wound Cores @B 


1120 East 23rd Street, Indianapolis 7, Indiana 


Sife Mag Tapes GS 
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OLLECTORS’ SERIES 380: Hermetically sealed and 
fully encapsulated in precious mu-metal for a life- 
time of trouble-free and hum-free performance. Without 
question the finest pickup-available...with more quality 
features than any other pickup on the market. Two com- 
pliance ranges—‘‘A”’ type ‘“‘V-GUARD”’ stylus for tran- 
scription tone arms; ‘‘C’’ type ““V-GUARD”’ stylus for 
auto-changer arms. Flat + 2 db from 20 to 20,000 cps.; 
Exclusive magnetic discriminator provides channel sep- 
aration of 25 db or better. Push-pull magnetic gen- 
erator provides an output of 2 mv per cm/second of 
recorded level per channel, generously adequate for 
any make preamplifier with a magnetic cartridge input. 
Four output terminals plus exclusive, optional metal- 
case ground strip to prevent ground loops with metal 
tone arms. Recommended tracking force: ‘‘A’’ stylus in 
transcription tone arms from 2 to 5 grams; “‘C’’ stylus 
in auto-changer tone arms from 3 to 7 grams. 


Model 380E ‘‘Coliectors’ Ensemble”’ includes the 380 Stanton 
Stereo FLUXVALVE with 3 ‘‘V-GUARD”’ styli: 
D3807A for stereo; D3810A for microgroove; 
SETI 6 og da aoe Dawa ew 608 ee $60.00 


Model 380A includes the Stanton Stereo FLUXVALVE and 
D3807A ‘‘V-GUARD”’ stylus for transcription arms 
LA EY ek RS ee ee eran oe $34.50 
Model 380C includes the Stanton Stereo FLUXVALVE and 
D3807C ‘‘V-GUARD” stylus for auto-changer arms 
Sis eta eee Se caso Ne ac se elem eee $29.85 


*% PICKERING — for more than a decade— 
the world’s most experienced manufacturer 
of high fidelity pickups... supplier to the 

recording industry. 


FOR THOSE - WHO CAN HEAR THE DIFFERENCE 


ickering 


PICKERING & CO., INC., PLAINVIEW, NEW YORK 


from PICKETING” 


HE broadest line of stereo cartridges available... 

each model fully compatible for all records, stereo- 
phonic and monophonic —_— STANTON Stereo 
FLUXVALVE Pickups for every application, for 
every listening requirement and for every individual 
taste. Only PICKERING offers the lifetime pickup 
in both, the Collectors’ and Pro-Standard Series. 


RO-STANDARD SERIES 371: Hermetically sealed for 

a lifetime of trouble-free performance. Two com- 
pliance ranges—‘‘A”’ type ““T-GUARD” stylus for tran- 
scription arms; ‘‘C’’ type ‘‘T-GUARD”’ stylus for auto- 
changer tone arms. Response is flat, + 2 db 20 to 
20,000 cps. Exclusive magnetic discriminator provides 
channel separation of better than 20 db over the entire 
stereo range. Balanced ‘‘hum bucking” push pull mag- 
netic generator provides an output of 2 mv per cm/ 
second of recorded level per channel, generously ade- 
quate for any make preamplifier with a magnetic car- 
tridge input. Recommended tracking force: ‘‘A’’ stylus 
in transcription tone arms from 2 to 5 grams; ‘‘C’’ stylus 
in auto-changer tone arms from 3 to 7 grams. 


Model 371A MkIlincludes the 371 Stanton Stereo FLUXVALVE 
with D3707A ‘‘T-GUARD” Stylus for trans- 
OE 5 oak ea U aww sede s wand $26.40 


Model 371C MkIlincludes the Stanton Stereo FLUXVALVE with 
D3707C ‘‘T-GUARD”’ Stylus for auto-changer 
DE: Aka at eae ae Oe kk $24.00 


SERIES 371 
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aie oe . Neumann Disk Recording Equipment . . . and 
Neumann Stereo Cutting Systems represent just one of tian quality lines sup- 


‘service Gotham gives you. Gotham’s Flying Lab is never more than 24 hours 
_ from your problem . . . ready to speed Gotham’s skilled experts to you — 


team AUDIO CORPORATION, 2 w. 46 St., N.Y. 36, N.Y., Tel: CO 5-4111 
Formerly Gotham Audio Sales Co. Inc. 


Exclusive United States Sales and Service Representatives for: NEUMANN, “the microphone standard of the world.” 
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gent aie 


ANOTHER FIRST FROM SCANDINAVIA... . 


One hundred and forty years ago, a Danish scientist, H. C. Oersted, gave to 
the world a new discovery—electromagnetism. Seventy eight years later, in 
1898, another Danish scientist, Valdemar Poulsen first applied this discovery 
to a new principle—magnetic recording. Now, from the birthplace of these two 
important discoveries comes the ultimate in application—stereo sound record- 
ing and reproduction by MOVIC. The MOVICORDER is not just another 
tape recorder. It represents a superb combination of today’s finest engineering 
techniques and the acknowledged skill of Denmark’s “old country” craftsmen. 
Drawing upon its broad experience in tape recording equipment development 
for broadcasting and electronic laboratory work, MOVIC has produced this 
portable tape recorder which has no equal in its class. The MOVICORDER 
has been carefully designed to provide a quality, trouble-free instrument for 
professional sound recording and reproduction. 


TAPE SPEEDS—7'/,-3%, IPS * REEL SIZE—7 inches * START AND STOP—Instantoneous * WINDING 
TIME—1200 feet in 80 sec * WOW AND FLUTTER—lLess thon 0.18°/, rms * SIGNAL-TO-NOISE RATIO— 
50 db or better at 7, IPS * FREQUENCY RESPONSE—7'/, IPS: +2 db from 45 to 12,000 cps. Down not 
more than 5 db ot 35 to 15,000 cps * 3 MOTORS—1 capstan motor, hysteresis synchronous, direct drive. 
2 custom reel motors assure gentle tape handling and constant tape tension * 4 HEADS—?2 staggered half- 
track erase heads. | stacked record head, laminated Mu-metal, gap 0.002”. 1 stacked playback head, 
laminoted Mu-metal, gop 0.0002” * 10 AMPLIFIERS—2 Microphone amplifiers (each 2 x 2 12 AX 7). 
Input jocks: MIKES, sensitivity 1 mV, impedance 1 Mohm. 2 Record amplifiers (each 4 x 2 12 AT 7). 
Input jacks: LINES IN, sensitivity 100 mV, impedance 100 kohm. 2 Playback amplifiers (each 2 x 2 
12 AX 7,3 x Y 12 AT 7). Output jacks: LINES OUT, 0.775 volt from cathode followers, output impedance 
250 ohms. 2 VU-meter amplifiers (each 1 x 2 N 77). 2 3 watt output amplifiers (each 1 x 6 BM 8). Out- 
put jocks: 8 ohms—or a combined 2 x 8 ohms three-way jack * PUSH-PULL BIAS OSCILLATOR—1 x 6 
DJ 8 * EQUALIZATION—NAB * POWER REQUIREMENTS—160 VA, 115 volts AC, 60 cps * TABLE SPACE 
—6 x 16 inches * HEIGHT—18 inches * WEIGHT—45 Ibs. 


MOVIE COn ny... . on Mavic] 


This space has been reserved 


for 


YOUR 
ADVERTISEMENT 


in the July issue 


| 
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Information for Convention and/or JOURNAL Authors 


SUGGESTIONS FOR PREPARING MANUSCRIPTS, PHOTOGRAPHS, CHARTS, 
DRAWINGS, AND LANTERN SLIDES; LETTERING SIZES, MAILING 


A Journal of original record. Papers origi- 
nally published elsewhere or promised for 
publication elsewhere are not accepted for 
presentation at Audio Engineering Society 
Conventions or for publication in the Jour- 
waL oF THE AES. In rare instances, excep- 
tions may be made by the Convention and 
Publications Committees at their discretion. 

All papers presented at AES Conventions 
are automatically considered for publication 
in the JouRNAL. 

Free and clear. It is assumed that all 
manuscripts submitted to the AES are offered 
free and clear. Any paper accepted for pre- 
sentation before the Society or for publica- 
tion in the Journat or THE AES becomes the 
exclusive property of the Audio Engineering 
Society. Complete publication rights are held 
by the AES for primary publication in the 
JOURNAL. 

Permission to reprint—in whole or in part 
—papers originally published in the JournaL 
or THE AES is usually granted freely by the 
Publications Committee upon written request 
and provided the authors agree. 

Multiple bylines. If the paper is to have 
more than one author, the exact form of the 
byline should be indicated on the manuscript 
and will be considered correct by the AES 
as given. 

Vital data. Make sure that the first page 
of your manuscript carries your name pre- 
cisely as you would like it rendered in the 
event of publication. If your business, pro- 
fessional or academic affiliation is to be given, 
this, too, should be included. If your posi- 
tion bears a formal title, you may include it. 

Typing the manuscript. Only one side of 
the sheet should be used. Margins should be 
at least one inch wide on each side. Triple 
spacing is preferred. 

Reviewing of the manuscript is speeded up 
considerably if several copies are submitted. 
(This is helpful but in no sense mandatory.) 
The copies may be clear carbons, mimeo- 
graphed sheets, copies made on a “spirit” 
duplicator, or blueprints. Review copies of 
diagrams, schematics, and graphs may be 
made by any convenient process. 

Abstract. The author should precede his 
text by an abstract summarizing the paper in 
general. The abstract may include a sum- 
mary of observations and conclusions set 
forth. 

Subheads. Subheadings for important sec- 
tions of the paper make it easier to read in 
printed form. 

References. References to periodical litera- 
ture should include the author’s full name, 
exact title of the article or paper cited, full 
name of the publication, volume number, 
page numbers, month, and year. Book refer- 
ences should include the author’s full name, 
full title of the book, the specific page or 
pages referred to, the publisher, place of pub- 
lication, and year of publication. References 
to patent literature should preferably be 


INSTRUCTIONS, ETC. 


given as follows: name, number of the patent 
(U.S. or foreign), date of filing, and date of 
issue. A brief description of the patent is 
helpful. 

Mathematical symbols. Care should be 
taken to make all mathematical expressions 
clear to the printer. All Greek letters and 
any unusual symbols should be identified in 
the margin. Only the very simplest formulas 
should be typewritten: all others should be 
written in carefully in ink. Do not neglect 
to give the meanings of all symbols used. 

Captions for illustrations. A caption— 
properly identified—should be supplied for 
each illustration and a legend for each chart. 
These captions should be listed—in complete 
form and consecutively—on a single sheet of 
paper 


Photographs. All illustrative material 
needed for a particular manuscript should be 
referred to specifically in the text and should 
accompany the manuscript when it is mailed. 

Photographs and drawings should be pre- 
pared carefully to insure good reproduction. 
Photos should be standard 8 in. X 10 in. 
glossy prints. Since extremely fine detail 
tends to be obscured in all reproduction 
processes, it is often advisable to include a 
separate picture—ie., a “closeup”—of any 
highly significant detail, in addition to the 
general view which describes the overall field. 

Drawings. The reproduction copies of 
sketches, of curves, or schematics (as distin- 
guished from any review copies (submitted) 
should preferably be original drawings in 
India ink on white paper or on tracing paper, 
8% in. X 11 in. Curves made on conventional 
graph paper will reproduce poorly, but black 
India ink tracings, in which only the princi- 
pal cross-section lines are rendered, are satis- 
factory. 

Sharp, high-contrast photographs of line 
drawings are acceptable. 

Please do not send black-and-white lantern 
slides or color transparencies for publication 
—only photographic prints or original draw- 
ings should be submitted. 

Lettering. On the aforementioned 8% in. 
X 11 in. sheets, lettering and numerical data 
should not be less than 0.12 in. high. Neces- 
sary labeling should be lettered onto curves 
and sketches. On the other hand if extensive 
descriptive material is needed, it is better to 
put such information into the typewritten 
captions rather than to attempt to letter the 
information onto the curve or sketch. 

Mailing. Mail one copy of your manu- 
script to the Convention Chairman. This 
copy is for scheduling and publicity pur- 
poses. Please mail all other copies of your 
manuscript to the Secretary at the Society’s 
Office. 

Mail that copy of the manuscript which is 
accompanied by the reproduction copies of 
your illustrative material (the editor’s copy) 
flat, with plenty of stiff cardboard enclosed. 
It is advisable to mark the envelope 
“PLEASE DO NOT BEND.” 


ORAL PRESENTATION OF THE PAPER 

Time allotment. The average time allowed 
for any paper, unless the author requests 
more time on his Author’s Form, is 20 
minutes. If you are not going to deliver 
your paper in person, please supply the name 
of your alternate to the Convention Chair- 
man as early as possible. 

Special oral version. An informal version 
of approximately 20 minutes, having an air 
of spontaneity, is usually more effective than 
a rushed verbatim reading of the manuscript 
exactly as written for publication. Many 
authors, after submitting the formal full- 
length version of their paper for publication, 
prepare an informal version for their guid- 


add interest. They should be set up well in 
advance of the particular session for which 
they are intended and tested under actual 
operating conditions. The Convention Com- 
mittee will cooperate in every way within 
its power. 

Facilities. If you expect to need a black- 
board or any special facilities (electric power, 
large table or tables, etc.) please notify the 
Convention Chairman as early as possible. 

Lantern slides. Photographs, diagrams, 
charts, and curves intended to accompany 
oral delivery should be in the form of stand- 
ard American lantern slides (3% in. X 4 in.) 


dimension of the projected area should be 
horizontal in the standard slide, but may be 
either horizontal or vertical in the 2 in. X 
2 in. slide. 

PLEASE NOTE: Opaque projection of 
paper prints or drawings is not recommended. 
Nor can we guarantee that facilities for this 
type of projection will be provided. Because 
of the dimness of the image, opaque projec- 
tion is unsatisfactory for large audiences. 

Lettering on lantern slides. Charts, dia- 
grams and curves from which lantern slides 
are to be made should be held within the 
proportions or overall dimensions of 7 in. X 
10 in., with no more than 20, and preferably 
only 15 words to a chart. Vertical Gothic 
capitals are recommended. 

For a 7 in. X 10 in. working area, the 
smallest desirable letter height is 0.14 in. 
(made with a Leroy pen 0 or Wrico pen 7). 

Recommended, too, are the following line 
widths: 

For curves—1%4 to 2 points or 0.021 
in. to 0.028 in. 

For grid rules—% point or 0.007 in. 

For reference lines—1 point or 0.014 
in. 

Thumb marks. To indicate proper orienta- 
tion, a thumb mark should be placed in the 
lower left-hand corner of a slide, when the 
latter is viewed as it will appear projected on 
the screen. 

More complete information on lantern slide 
dimensions is given in American Standard 
Dimensions for Lantern Slides, Z38.7.19-1950. 


Mailing address: Audio Engineering Society, P.O. Box 12, Old Chelsea Station, New York 11, N.Y. 
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Grateful thanks of the Audio Engineering Society are hereby extended 
to the following organizations which, as sustaining members of the Society, 
help make this publication possible. These organizations are: 


Acoustic Researcu, INc. 
ALTEec LANSING CorPoRATION 

AMI INcorporaTeD 

Ampex Aupio, INc., AMPEX CoRPORATION 
Aupio 

Aupio Devices, INc. 

Aupio Fiwe.ity PRroressioNaAL Propucts, INc. 
Aupio Matrix Corporation 
BritisH INDUSTRIES CORPORATION 
Capito. Recorps, INc. 
CoL_umBiA ReEcorps, INc. 
COMPONENTS CORPORATION 
DictAPHONE CoRPORATION 
FaircHiLD REcorDING EquipMENT CorporATION 
Harvey Rapio Company, INc. 

HicH Fmeuiry, AUDIOCRAFT 

INsTITUTE OF HicH Fmetiry MANUFACTURERS, INC. 
INTERNATIONAL BusINEss MACHINES CoRPORATION 
James B. LANsinc Sounp, INc. 

McIntosH Lasporatory, INc. 

MEASUREMENTS CORPORATION 

PERMOFLUX CorPORATION 

PickerING & Company, INc. 

RCA Lasoratorigs, Rapio CorPoRATION OF AMERICA 
Rapio RECORDERS 

Reeves Sounp Stunpios, Inc. 
Reeves SOUNDCRAFT CORPORATION 
Rex-O-Kut Company 
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